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; N
o A Limited Continuous Speech Recognition system is
1R
§1 developed basea upon phoneme analysis. 16 bandpass filters
. are used to obtain the frequency components of the input
g speech. The input speech is broken into packets of 40
té milliseconds each. These packets are compared with phonemes
< in a template file by a differencing of frequency magni-
;}: tudes. The resulting phoneme string representation of the
o
‘: input speech is compressed and compared with strings in a
Ca
he library file for discrete word recognition. For continuous
S speech recognition the phoneme string is analyzed a phoneme
..C
- at a time to construct word sequences. The word string
!
‘E? which best matches the input phoneme string is recognized as
P the word sequence. The system has an accuracy of about 94%
~
o for discrete word recognition and about 80% for continuous
' speech recognition. The vocabulary used is the digits zero
» to nine and point.
’-
1.: 1\
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%
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LIMITED CONTINUOUS SPEECH RECOGNITION
BY PHONEME ANALYSIS

"THE AFTI F-16 WILL NOT BE
SUCCESSFUL WITHOUT SPEECH
RECOGNITION....CANNOT BE FLOWN
DURING FULL COMBAT MANEUVERS."

..JOHN C. RUTH, 1981
TECHNICAL DIRECTOR

F-16 ADVANCED FIGHTER DIV.
GENERAL DYNAMICS INC.

I. Introduction

tia This report documents the results and work accomplished

during design of a Limited Continuous Speech Recognition
N (LCSR) system. The ultimate goal of this thesis is to
obtain a system capable of recognizing a limited vocabulary

with good accuracy.

Background

LCSR is generally understood in the speech research
community to mean the problem of automatically recognizing
natural numan speech consisting of isolated utterances which
are sequences of words chosen from a small (less than
30 word) vocabulary spoken continuously; 1i.e., without

pauses or breaks between words. Speech is the most

)

frequently used real time communications interface between
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two human beings. A machine operator using voice control
methods is free to use his hands and eyes in other ways.
This can be a great advantage, for example in a fighter
aircraft. A pilot can while undergoing a critical maneuver
have access to his fire control or missile jamming systems
through voice control. Continuous sp' :h recognition,
however has been an elusive goal, mainly ‘e to variability
that occurs in speech communication., Th variability is a
consequence of speaker-to-speaker variati...,, variations in
the same speaker and effects of adjacent words with each
other. In addition there is a background noise problem,

especially in a cockpit environment.

Problem

The aim 1s to design and construct an Acoustic Analysis
machine that will give a phoneme listing of a continuous
speech input. The phoneme recognition should be fairly
accurate in order to make the later word recognition step
accurate, This machine will be part of an overall
continuous speech recognition system. After the above
problem of phoneme recognition was solved it was decided to
do discrete word recognition based upon the output of the
phoneme recognition system. Once this was achieved it was
decided to do limited continuous speech recognition. Hence

the overall problem became to design a system for limited

continuous speech recognition.
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sScope

This thesis is concerned with the recognition of

phonemes uttered in continuous speech. The hardware con-
sists ot a preemphasis filter, an automatic gain control
circuit and a bank of sixteen bandpass filters covering the
frequency range of 200Hz to 7000Hz. The software consists
of a routine Eo extract a set of phodemes then refine thenm
in oraer tvo get an optimal prototype set. Another routine
would use the results of a distance measurement computation
for pattern matching in order to choose possible phoneme
matches for each time period. Once the above was
accomplished the scope of the thesis was increased to
include isolated word recognition and limited continuous
speech recognition. For this another routine is developed
using shifting and the same distance measurement to
construct a word or words from the phoneme sequence. The
vocabulary used consisted of the digits zero to nine and

point.
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S
A II. Theory and Techniques
.;: In this chapter the approach used for speech
3} recognition will be discussed. Initial approaches used will
< be discussed and reasons given, for choosing the final
< approach used.
1% Before going into the details it would be helpful to
i give an outline of a phoneme based speech recognition
i system. The first step is to take a speech input and break
i? it up into a sequence of sounds. Each element of the
i? sequence is compared against a set of unique sounds. These
EE unique sounds are the phonemes. After comparison a sequence
:E of phonemes is obtained which represents the input speech.
‘} 'ﬁ? This string is known as the pnoneme representation of the
:E input speech. This string is then processed to construct
;; the word or words spoken.
f' The above outline was used in developing a phoneme
é based speech recognition system.
ﬁ The input speech after preamplification is passed
? through a preemphasis filter. This preemphasis filter has a
gain ot 6db/octave above 500Hz. The reason for this is that
the human voice has a roll off of 6db/octave above 500Hz.
| (Ref. 3 ). Next the input speech is passed through an
‘E; automatic gain control circuit having a 60dB dynamic range.
% There were three reasons for using this AGC circuit. First
;4 _— the ASA-16 spectrum analyzer chip which follows, requires a
:g e certain minimum input level for proper operation.
~
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“ég . Second the energy thresholding used (explained later), works

E: :i§ on the basis of this AGC circuit. Third it reduces

s:: variations in the loudness of the input speech.

;Q The ASA-16 spectrum analyzer chip was used to give

;% sixteen pand pass filter outputs of the input speech. The

:ﬁ reasons for using a bank of bandpass filters in hardware

fk (instead, say, of a fast fourier transform) are as follows.

fﬁ First it eliminates the inherent noise of a fast Fourier

ff transform. Secondly the sampling can be done at a much

?3 lower rate. A typical sampling rate for a fast fourier

if: transform method is 8KHz, whereas for a bandpass filter

fé: approach it is 400Hz.

%g The outputs of the sixteen bandpass filters of the ASA-

) .

‘:B 16 are digitized using the Eclipse A/D/A device. A sampling
frequency of 400Hz was chosen since this sampled each filter

output at a frequency of 25Hz. The output of each bandpass

'Yy

2 e 0 8 :
A Y

A
a

"

filter 1s passed through a low pass filter having a cutoff

Py -

}_ frequency of 25Hz. This sampling rate was suitable since
€§ the variation in human speech does not go over 25 Hz. 1In
s this way one "slice" of the input speech, that is outputs of
fj; channels one through sixteen equals a time packet of 40
fiz mi’liseconds.

?ﬁ Initially two slices of the input speech were taken as
%} a phoneme representation. After repeated experimentation it
';: was found that a single slice of sixteen channels was
fi - sufficient to represent a phoneme sound. Hence a phoneme
fi ;ﬁii sound is taken tc be 40 milli seconds long and consists of a
%"

o
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pY:
:E re, sixteen dimensional vector whose elements are the outputs
fj it‘ of the sixteen band pass filters.
j¥ After noise subtraction a 20 millivolt threshold level
% is used to get rid of backgound noise and D.C. offset
‘{ errors. The phonemes or sixteen dimensional vectors are now
j; individually energy normalized. This energy normalization
E% is necessary for the phoneme recognition, comparison routine
¥ used.
These energy normalized vectors now represent the input
speech. A set of unique phonemes known as the template is
7; created. This method is explained in detail later. The
): phonemes in this template set are now compared with each of
:é the vectors of the input speech. 1Initially a difference
b, .
G raised to the power of two approach was used. Finally a
- difference to the power of four approach was used for the
_é comparison. This was done since it gave better results
- without overflowing the computer. The comparison method is
;% explained in detail later.
:i This completes the phoneme recognition stage. the
‘ input speech is now in the form of a sequence of phonemes.
f% This sequence of phonemes is now compressed using
EE techniques to be explained later. The reason for
;; compression is to overcome the variations in the length of a
?; wofd when spoken several times and the speed of speaking of
- a speaker.
j - This compressed phoneme representation of the input
53 oS speech is fed to a word recognition algorithm. The details

.A‘._ [ -L \(\"\’J
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g .. of the discrete word recognition, and connected word
S T S _.:.

N recognition schemes are given later.

i This then represents the outline of how speech

- recognition is done in this thesis.
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o III Hardware
i;I A dynamic microphone placed close (1 inch) to the
fsé speaker's lips is used as the speech input device. After
s;{ preamplification the audio signal is passed through a
'3? preemphasis filter. This filter has a 6db/octave gain from
'EE 500Hz upwards. An automatic gain control circuit with a
o dynamic range of 60db is used after the filter and is
f;ﬁ followed by a low pass filter having a cutoff frequency of
_S; 7000Hz. The output of the low pass filter is fed to the
S analog input of the ASA-16 spectrum analyzer chip. The
’:ﬁ sixteen pand pass filter outputs of the ASA-16 are offset
'Ei compensated and fed to the A/D converter of the Eclipse
o tja computer. A block diagram of the hardware is given as
N Fig 3-1.
R
2 ASA=16 Spectrunm Analvzer
o The ASA-16 is a monolithic audio spectrum analyzer
gg with 16 channels of bandpass filters, half-wave rectifiers,
N and postfiltering. It is fabricated with double-poly NMOS
,# technology and designed using switched-capacitor filter
ii techniques.
j; A detailed functional block diagram of the chip is
23 shown in Fig 3-2. A second-order bandpass filter serves to
Eﬁ detine the band of energy to be detected, followed by a
Sg half-wave rectifier and a low-pass filter. This individual
l;: ‘fgj function channel translates the analog waveform into a low-
;? o frequency signal that represents the corresponding energy
-
b

o o
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Figure 3-2  ASA-16 Functional block diagram
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N leveir within the band. There is a sampled-and-held
‘: ﬁ%? multiplexer on the chip that sequentially outputs the

sixteen outputs. The multiplex control timing is also

——
[¢

incorporated on the chip. Direct access to outputs of all

EXLXAAS

16 channels is also available through 16 bonding pads. The
distribution of the anlaysis band is shown in Fig 3-3, and

g
@ .
..,

the corresponding filter center frequencies and bandwidths

are listed in Table 3-1. (Ref 2).

-

~

v e N
> .
» e

The chip has a dynamic range of better than 43dB,

linearity of better than 1 percent, and center frequency

AN

accuracy of better than 1 percent. Technical data of the

ASA-16 is given as Appendix B.

%% ata "t

Preprocessor
) 'E’ A schematic diagram of the preprocessor is given in
;E Fig 3-4. A preemphasis filter is used after the
q% preamplifier since the human voice has an attenuation of
‘ about 6dB/octave from 500Hz upwards. So a preemphasis
’é filter was designed which has a gain of 6dB/octave from 500
? Hz to 10KHz. The frequency response of the filter is given
in Fig 3-5.
ﬁ The effect of the preemphasis fiiter can be seen by
%; comparing the three dimensional plots of the words zero to
i: nine and point, with and without the filter. These three
% dimensional plots have the axix as frequency, time and
%E magnitude. The plots are given in Fig 3-6 to Fig 3-27.
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TABLE 3-1.

FILTER CHARACTERISTICS

fo(Hz) Bandwidth(Hz) Approximate Band Coverage

£1 £h
m %

260 130 : 203 333

390 " 130 33Q 460

520 130 ) 459 589

650 130 588 718

780 130 718 848

910 140 843 983

1060 160 - 983 1143

1220 180 1133 1313

1400 200 1303 1503

1600 220 1494 1713

1820 250 . 1699 1949

2070 " 300 1925 2225

2370 340 2206 2546

3035 1030 2563 3593

4272 1445 3610 5055

5997 2008 5077 7083 )
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It is seen that without the preemphasis filter the
tfﬁ higher frequency information is lost, and especially in the
case of the words two and three they look almost similar
without the preemphasis filter. With the filter they can be
distinguished due to the amplification of the higher
frequency components,
.5 The transfer function of the preemphasis filter is

L + 3333.33

F(S) = 53777717728

It is calculated in Appendix C.

An active low pass filter follows the preemphasis
d filter. This low pass filter has a cutoff frequency of
3} . 7000Hz. It has a passband gain of 17dB and a peaking factor
‘Ei of 1. This low pass filter is used since the ASA-16

- spectrum analyzer chip has a bandwidth of 200Hz to 7000Hz.

s The transfer function of the low pass filter is:
-1.4945 x 1010

it L(s) = .
p s2 + 47811.198s + 2.188 x 109

It is calculated in Appendix D.

The frequency response of the low pass filter is given
in Fig 3-29.

A passband gain of 17dB was required to give the proper
input level to the automatic gain control circuit that
5 follows.

The overall frequency response of the preemphasis

'E:ﬁ filter and low pass filter is given in Fig 3-30.
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Following the low pass filter is an automatic gain

control circuit. This is used so that the ASA-16 spectrum
analyzer chip gets a nearly constant average level input
over a wide range of speaker voice levels. This automatic
gain control circuit has a dynamic range of 60dB. The JFET
acts as a voltage-contrclled resistor in the peak-detecting
control loop of the T41 operational amplifier. The circuit
has an input range of 20mV to 20V. The output is about 1V-
4V peak to peak over the entire 60dB range. The response
time of the circuit is about 1 to 2 mSec., and has a delay
of about 0.4 seconds. Use of the automatic gain control
circuit eliminated the problems of c¢lipping of the audio
signal and also that of too low an input to the spectrum
analyzer chip. The gain response of the AGC circuit is
given 1in Fig 3-31.

A TTL cfystal controlled 1MHz clock is used to clock
the ASA-16 spectrum analyzer chip. The specificaions of the
ASA-16 spectrum analyzer chip, requires that the clock and
power supply to the ASA-16 chip be applied simultaneously.
The clock and power supply are hence set up in this way.
The whole preprocessor board is powered by 10V, and draws
about 100mA of current. The +£10v supply is obtained by on
board voltage regulators.

As explained earlier in the discussion of the ASA-16
spectrum analyzer chip, there is a D.C. offset on each of
the sixteen band pass filter outputs of the chip. Also each

of these sixteen outputs cannot be terminated with a

.............




resistance less than 200Kohms. For this reason buffers with

* l. l‘ . / *
Wt

LR e

CRNC I DU 4 l‘ e dt

{ ' of fset control are used between these outputs and the inputs

)
Y

to the analog to digital converter of the Eclipse computer.
These inverting buffers are made of SNT2LO44 quad-op amp
chips. These sixteen outputs give the frequency information

of the input speech.

%f The Eclipse analog to digital converter is externally
B clocked with a 400Hz TTL signal. This samples each of the
Eg 16 channels at 25Hz.

i; The whole preprocessor hardware is designed on a single

board.
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The software package works in five stages. The first |

B
.
ot
. e
"y
l-‘
B
S
.

stage is the creation of templates. 1In this stage a maximum
of twenty seconds of speech is input to the system; this
speech is selected to include a large number of different
phonemes. This is done by using phonetically balanced
sentences. After normalization (which will be explained in
detail later) all the phonemes found are compared with each
other. Those phonemes which are "close™ to each other by
the distance measurement used (explained later) are
discarded. This gives us a smaller set of phonemes which
are relatively "far" from each other, that is distantly
difterent. This set of phonemes is stored in a file to be
used for comparison in the phoneme recognition scheme.

The second stage is the formation of the distance
matrix. Here the phonemes found in the first stage are
compared with each other and their distances (explained
later) calculated. These distances are stored in lower
triangular form in a file called the distance matrix. This
distance matrix will be used in the data compression and
word recognition schemes,

The third stage is phoneme recognition. 1In this stage

the speech input to be analyzed is compared with the

template of phonemes created in stage one. This produces a

L]
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string of phonemes which is compressed using the distance
matrix. This string is the phoneme representation of the

A input speech.
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32 The fourth stage is the creation of a word library. In
{P this stage a file is created which contains the phoneme
3 representation of the vocabulary. The phoneme strings for
”3 the vocabulary are created in the same way, as explained in
b stages one through three. This library file of the
;3 vocabulary will be used for comparison in the discrete word
éé and continuous word recognition schemes.

xS The fifth stage is the word recognition algorithm.
,i This 1s a recursive algorithm and uses the threshold, string
g? lengths, distance matrix and error value information to come
%: up with the best word or words which represent the input
32; phoneme string. The exact method will be explained later.
EE The above gives a general outline of how the software
‘f- GEE package works. The details of the process will now be
o given.

- Analog to digital conversion

e The details of the Eclipse A/D/A device are given as
E} Appendix A, to Gorden R. Allen's thesis "Expansion of the
:3 Eclipse digital signal processing system" (Ref 1 ). Two
~ configuration files are required. One for program CREATEMP
§§ and the other for program SPEECH. Program SAMGEN is used to
2 create these files and they are given in Fig 4-1 and Fig 4-2.
i: The Eclipse A/D/A device is set up to sample the
:E sixteen band-pass filter outputs sequentially. The sampling
; is ecyclic channel one to channel sixteen, and again from
- :i% channel one, and so on. The A/D converter is clocked
. 43
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SAMGEN  Rev = 10 &/17/32 at 15 12 Filename. SAMCONFIG! SR
S AEWETS You gave in the SAMGEN dialog are shown i1n comment lines
STuuT INpUts are ammeciately preceded by @ colon () and appear

,in the same order as you gave them to SAMGEN.

Target operating system type :MKD

Number of DG/DAC 4300 chassis configured: O
Fatal erraor handler name o=

Fatal error handler mailbox: -1

- « v .

DCB. X SAMCO 100 -1 -1

i Number of Analog Sudbsystem :1

i A/D Con. #1 Device Code :21 Mode :AD Fortran ID = IDS21
; External interrupt handler specified : CNONE>
i Number of pages in Data Channel area : 16
i Specifying @ starting address for Data Channel area :Y
» Data Channel starting address : IBUFF
DCB.M DBS21 D. 1DF+D. INF+D. DCH 21
DCE. 1 DTS21 SAINI 16. IBUFF
DpCB?C -1 -1 DSS21
DCT.M DTS21 000377 INTSA DSS21
rd
DCB’N 821 D.FIF 21 00 AD
DCB. S DBS21 (o) AD. IS AD. IN SAIRT
DCB. A
s i D/A Con. #1 Device Code :23 Mode :BD . Fortran 1D = 1IDS23

External interrupt handler specified : {NONE>
Number of pages in Data Channel ares : 16
Specifying a starting address for Data Channel area :Y

. e e

Data Channel starting address : IDUFD
DCB. M DBS23 D IDF+D. INF+D. DCH 23
DCB. I DTS23 SAINI 16. I1BUFO
DCB?C -1 -1 DSS23
DCT. M DTS23 000377 INTSA DSS2a3
DCB. N 823 D.FIF 23 00 BD
DCB. £ DBS23 0 BD. 1§ BD. IN SAIRT
bCh. A
DCB.E

sEnd of SAMGEN configuration file

Fieure 4-1 Configuration €ile Eor CREATEMP
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ZAMGEN  Rev c 0 B.1C/GC &t 14 4C Filename. SAMCONFIGT. SR

.Answers you gave in the SAMGLEN dialog are shown in comment lines.
.Your inputs arve 1mmedistely prececed by & coion (:) and appear
»1n the same order as you gave them to SAMGEN

Target operating system type :MRD,

Number of DG/DAC 4300 chassis configured: ©
Fatal error handler name to=1

Fatal error handier mailbox: -1

- v e e

DCB. X SAMCO 100 -1 -1

; Number of Analog Subsystem :1

i A/D Con. #! Device Code :21 Mode :AD Fortran 1D = ]DS21

External interrupt handler specified : <NONED>

Number of pages in Data Channel area : 2

Specifying @ starting address for Data Channel area :Y
Data Channel starting address : 1BUFF

.- e e W

DCB. M DBS21 D. IDF+D. INF+D. DCH 21

DCB. I DTS21 SAINI 2. 1BUFF
DCB?C -1 -1 DSS21
DCT.M DTS21 000377 INTSA DSS21

-’
DCB.N ° 821 D FIF 21 00 AD
DCB. § DBS21 (o] AD. IS AD. IN SAIRT
DCEG. A

‘s D/A Con. #1 Device Code :23 Mode :BD Fortran ID = IDS23

External interrupt handler specified : <NONE>

Number of pages in Data Channel area : 2

Specifying a starting address for Data Channel area .Y
Data Channel starting address : IBUFO

DCB.M DBS23 D. IDF+D. INF+D. DCH 23
DCB. 1 DTS23 SAINI 2. 1BUFO
DCB?C -1 -1 DSs23

DCT.M DTS23 000377 INTSA DSS23

DCB. N §23 D FIF 23 00 BD
DCB. S DBS23 0 BD. IS BD. IN SAIRT
DCB. A
DCB. E

»End of SAMGCEN configuration file.

Figure 4-2 Configuration file for SPEECH
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externally with a 400Hz TTL signal. This means that each

bandpass filter output is sampled at 25Hz. Since the ASA-16
sSpectrum analyzer chip has a 25Hz low pass filter at each
band pass filter output, this sampling rate of 25Hz is
sufficient. The voltage output of the sixteen channels of
the ASA-16, each ranges between OV to +4.5V. Similarily the
outputs of the sixteen inverting buffers range between OV to
-4.5V. The Eclipse A/D converter is setup to accept an
analog input voltage range of -5V to +5V.

The sampled voltage values are stored in integer form
in a butfer. The maximum size of the buffer is decided by
the configuration file used. A CALL DSTRT(IER) command is
given to i1nitialize the Eclipse A/D/A device. In case of an
initialization error the error value will be displayed on
the terminal. A CALL DOITW[ ] command is used to do the
analog to digital conversion. Again if an error occurs the
error number is displayed on the screen. A table of the
error conditions is given in Table 4-1. If all went well
Wwith the A/D conversion a message "no errors reported" is
displayed.

The variable space to hold the conversion values of a
single converison operation can be a maximum of 16KW of
integer array space. At a sampling rate of 400Hz this gives
us a maximum of U0 seconds of speech input, possible. So as
to reauce processing time overlays and extended memory
techniques were not used. This gave a 20 second speech

input time for program CREATEMP and a 5sec speech input time

46




Val e

Meaning

2179

No -.LNK routine in DCB. invalid DCB. Ofien
results from an invahd device-id, so check the
device-ids. The first two characters are 1D, the
third cither S, A, or O, and the last two are
numbers (e.g.. IDS21).

2180

No DCB identifier in IORB, invalid DCB.
Same cause as 2179,

2181

Noj uscd. This crror should not occur.

2184

No initializing routinc for a device that needs
initialization. Same cause as 2179.

2185

Outpult requested 10 a channel for an illegal
device (e.g.. output 1o an A/D converter).

2186

Allempt o set up a loched IORB array. This
can happen if a sccond DSAN/DSOR call uses
the same IORB array argument before the
origing! DSAN/DSOR completes.

2187

Unable 10 find frec IORB biock in IORB
array. Cun happen if the IORB array was
DIMENSIONed 100 small. A
muhiple-operation call needs 8 elements + 8
elcments per operation,

2188

Nu DCB exists with specificd device-id. Same
cause as 2179. :

2189

Atiempt 1o use unsupported feature (e.g..
mapped call in unmapped system).

2190

Attempt (0 return bad buffer. Will never occur.

2191

An IDATA argument gave an illegal clock
setting for an A/D or D/A converter.

Table

4.1 SAM Fortran error codes

(SAM User's Manual, p. 6-9)
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D 2192 | Hicgal conversion count -- more than 255 or less
. than | -- for an A/D copverier mode in A2,

DG/DAC only.

a
',
'y

o0
!
Lt

2193 | Asscmbly lunguuage only. Attempt to move data
channcl map while JORB is locked. A task
tried to change the map while a request was
using the window.

&L &
.
L]

<
Pt
‘&l“

Yy 2194 | Auempt to move data channcl maptoan |
>‘f-._ address outside the window. ‘

N _‘.

e 2195 | Illegal conversion count: less than | or more
g

than the device allows.

2196 | lnicrrupt occurred from 4222 without a strobe
or latch chunge.

2197 | Assembly lunguage only. Attempt to use data
channel map while it is being initialized or
- ' . moved.

2198 | Assembly language only. Data channel not
initialized: use an RMAP call before issuing
this mode A2 reguest.

2199 | SAM panic code. SAM could not transmit
(IXMT) 10 the calling task on IORB array
completion. SAM aborts the program unless
you set up a fatal error handling RECeive task
and gave its namc 10 SAMGEN, as described
in Chapter S, “Initial Dialog™.

2200 | External interrupt occurred on a stand-alone
analog converier, aborting the request. This
error returns from ISA calls only, not from
DSAN/DSOR culls.

Table 4.1 continue
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§§ . for program SPEECH. The actual voltage value of the sampled
,5{ o conversion value can be calculated using,

E§§ VOLTAGE = FLOAT (CONV.NUM)/32768. #5

W

:ﬁ As explained before each cycle i.e. sampling of
?F channel one to channel sixteen takes 40 milliseconds. 1In
. this way the input speech is divided in slices of 40
ii milliseconds each. Now each 40 millisecond slice 1is
'fé represented by a 16 dimensional vector got from the 16 band
:;f pass filter outputs. This 16 dimensional vector is a u:it
%g of information and will be henceforth called a phoneme
f' representation.

1
(YT ]

)

The normalization process consists of noise

xé subtraction, thresholding, energy calculation and energy
j§ normalization. The noise subtraction is done by assuming
’T that the very first 16 samples represent the average noise
Eé and v.C. offset in each of the channels. Hence the very
ES first 16 dimensional vector is subtracted from all the
:1 remaining vectors in the data buffer. The thresholding is
E; done by examining each component of every vector and putting
35 it to zero if it has an integer value less than 200. An
_;T integer value of 200 represents a voltage of:

ié; Venreshold = 3%27:85 = 30.5 millivolts .

%i 5&@ An energy calculation for each vector is done using the
és ‘ formula
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16

E ; §;1 (x4)2

This energy information is stored in an array for use later
on.in the data compression and connected word recognition
schemes,

Now each of the vectors is energy normalized. This is
done by dividing each component of a vector by its vector
energy and multiplying it by 32000. This normalizes the
vector to a value of 32000. Mathematically it is as follows:

X(n,m) = 32000

x(n,m) = n=1¢%to 16
. 16 2 m = 1 to number of
EE; (x(1,m)) vectors

These normalized 16 dimensional vectors now represent
the input speech divided into phonemes of 40 milliseconds

each.

Iemplate creation
Program CREATEMP is used for template creation. A

maximum of 40 seconds of speech input is possible. This
speech input is given in the form of phonetically balanced
sentences. The aim is tolhave as many different phonemes as
possible. The input buffer is then normaliied using the

method explained earlier. The normalized phonemes are then

compared with each other, by the distance measurement
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technique to be described later. Those phonemes which are

close to each other distance wise are now discarded. The
resultant subset of phonemes now make up the template file.

The main menu of program CREATEMP is as follows:

-t
L ]

A/D conversion

data buffer display

data buffer print

normalize

compare phonemes

delete unwanted phonemes

compress template

template write to file

read template file

o W o = (= B | = w [\V)
L]

—r

delete specified phonemes

—
-—t
*

exit

Each of the options will now be explained. The A/D
conversion operation can take a speech input of 1 second to
20 seconds. The conversion values are stored in a 16KW
integer data buffer. The data buffer display and data
buffer print options are self explanatory. The normalize
option, normalizes the data buffer as explained earlier.

The compare phonemes, compares each phoneme (or 16
dimensional vector) with every other phoneme in the data

buffer. The comparison is done using the vector distance

rule as follows.
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Distance(m,n) - gf: (x(m,1) - x(n,1))4

This gives a distance measurement between phoneme (m)
and phoneme (n). Each phoneme with the phoneme closest to
it and their distance is printed. The distance is
normalized to ; maximum of 100 for printing. A sample
printout is given in Table 4-2. This gives an idea of which
phonemes are too close to each other and must be deleted
from the template.

The delete unwanted phonemes option, checks the energy
value of each phoneme. From this energy value it is decided
with a threshold level, whether this phoneme is noise or a
speech input. Those phonemes which have an energy value
below the threshold are deleted as being noise input.

The delete specified phoneme option asks for a phoneme
number and deletes that particular phoneme. The aim is to
delete those members of a phoneme string which are too close
to a preceding phoneme. The closeness of the phonemes is
decided using option compare phonemes as explained earlier.

The compress template option is used after the delete
options to compress the whole template. That 1is those
phonemes which were deleted are removed from the template
and the rest compressed together. Note that this function
now gives new numbers to all the phonemes, since the number

of phonemes in the template are now reduced.

.................................................................
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The read template file option, reads from the current
directory a template file for editing purposes.

.The template write to file option, creates a template
file and stores the template in it. The number of phonemes
in the template is stored in position (1121) of the integer
file. This template file will be used in programs DISMAT

and SPEECH. Details of these programs are given later.

Distance Matrix Creation
Program DISMAT is used for distance matrix creation.
The main menu of the program is as follows:
1. read template file.

form distance matrix.

display distance matrix.

print distance matrix.

distance matrix write to file.

read distance matrix file.

display templates.

give distance between two phonemes.

(Vo] @ =3 o ! = w n
L]

exit.

The read template file option is first used to read the
template file to be worked on into a 1130 word integer
array. Before proceeding further it is necessary to first
explain what a distance matrix is. The distance between
each phoneme in a template and every other phoneme in the

template is calculated. These distances make up the

distance matrix for that template. The aim is to reduce the
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- . speech recognition process timé. This is done by avoiding

the calculation of these distances over and over again in

ia the speech recognition process. This is explained in detail
‘Eg later. Distances between phonemes is calculated using the
5o same scheme as explained earlier for phoneme comparison.
;é The formula used is:

% .18 .

e

. Distance(p p) = ZE: (X(m,1) - *(n,1))"

i}_ i=1

;E This gives the vector distance between phoneme (m) and
;; phoneme (n). Since the distance is same between phoneme (n)
?ﬁ and phoneme (m). Hence only one distance is calculated and
53 . stored. The distances are stored in a lower triangular
{?J ‘ia form, instead of in a two dimensional array. The reason for
Eﬁ doing this is tq reduce storage space. In this scheme the
fﬂ distance between phoneme (m) and phoneme (n) is given in
§ location:

Jﬁ m(m-1)

NS _ Location (q,n) = - +n

2

R Provided m is greater than n. If m is less than n,
then values of m and n can be interchanged. The saving in
o storége area can be made obvious wiih'the help of an
- example. Consider a template having 70 phonemes. Using a
.two dimensional array for storing the distance matrix wouid

1. s require (70 x 70) = 4900 words of real space. On the other

el

. hand using a lower triangular form would require
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(70 x (70-1))/2 + 70 = 2485 words of real space. This is a
e saving of (4900 - 2485) = 2415 words of real space.
Ve The form distance matrix option, calculates the
distance matrix and stores it in a 2432 word real array,
using the scheme explained above. The values of these
distances are normalized to a maximum of 10000.
. The print aistance matrix option, prints the distance
matrix in lower triangular array form. Since the printer
N can only handle 132 characters in a line. Hence the matrix
ig is broken up into several pages, which can then be pasted
i; together to aisplay the whole distance matrix. The distance
matrix is printed out in integer form. It is also

normalized to a maximum value of 100 for printing purposes

P NPATE AN

/' G;E only. A sample printed output is shown in Table 4-2.
The give distance between two phonemes option, accepts

two phoneme numbers and displays thgir distance. The rest

vy o 8 k
- ‘:.."..".‘-:"\ [y

of the options are quite self explanatory.

f& As explained earlier the speech recognition scheme used
;é. is based upon phoneme recognition and then construction of
gf words trom the phoneme string. The phoneme recognition
ii scheme is a part of the speech recognition program called
ﬁ; SPEECH. In program SPEECH a template file and its
-§§ corresponding distance matrix file are read into buffers.
Ti§ These files are used in the phoneme recognition method.

;. ;5 Program SPEECH accepts as input a maximum of five
fi A seconds of speech. This speech input is normalized as
55
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;? .. explained earlier. This normalized speech is the basic
~3; input to the phoneme recognition scheme. As explained
earlier a phoneme is represented by a 16 dimensional vector,
which are the outputs of the 16 bandpass filters. A scheme
similar to the compare phoneme, explained earlier is used.
The phoneme recognition routine takes the first 16
dimensional vectors of the input speech and compares it with
all the phonemes in the template. The comparison is done

basea upon the vector distances between the phonemes. The

<% smaller the vector (i.e. less the distance), the closer is
'% the match or comparison. The formula used for the distance
;ﬁ - measure is:
2 16 |
¢ as Distance(p n) = ; (S(m,1) - T(n, 10"
x =
ﬁij where
;’ Distance(p ) = distance between speech input
) phoneme (m) and template phoneme (n).
“ S(m,1) = 1th component of speech input phoneme (m).
EEA T(m,1i) = ith component of template phoneme (n).
The phoneme in the template which is closest to the
%; phoneme in the speech input is taken as the phoneme
E: representation of that phoneme in the speech input. In this
“ way all the 16 dimensional vectors Iin the speech input are
given phoneme representations from the template. This gives
a phoneme string which represents the input speech. Those
EE : vectors 1n the input speech which have an energy level below
o
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the threshold are given a phoneme number of zero. The
threshold level was calculated from the background noise of
the laboratory environment. This was done by operating the
system with no speech input and taking an average energy
value.

The phoneme string representation of the input speech
is then compressed using a number of rules which will now be
explained. ‘

All adjacent similar phonemes are compressed. That is
if there is repetition of the same phoneme, only one phoneme
is kept. For example if the phoneme string is:

12, 21, 21, 21, 16, 19
it will be compressed to:
12, 21, 16, 19.

Leading edge zeros of the string are ignored. That is,
the delay between start of speech input and start of the
conversion process is removed. Since phoneme number zero
represents noise or no speech input to the system.

Two or more adjacent zero number phonemes within the
phoneme string are recognized as breaks in speech input and
are represented by a single phoneme number zero. A single
phoneme number zero within the phoneme string is recognized
as a stop sound within a word an4d4 is ignored.

Distances between all adjacent phonemes in the string
are obtained from the distance matrix. Those adjacent
phonemes which have a distance less than a given threshold
are compressed. The compression is done by discarding the

higher numbered phoneme. This scheme tends to give the

60




lowest numbered phoneme for the sub string of adjacent,
close phonemes.
This compression technique eliminates the problems

caused due to variations in the length of a word. That is

variations due to the speed of speaking of a speaker.

This final string of phonemes after compression will be
used as input to the word recognition scheme.
Word library creation

The speech input to be analyzed is converted into a
phoneme string as explained earlier. In order to be able to
construct a word or words from this string of phonemes, it
is necessary to know which phonemes actually make up the
word. Hence each word in our vocabulary is represented by
its phoneme string. The phoneme string which comprises a
word is deduced by an averaging method.

The phoneme recognition szheme is run for a number of
repetitions of the same word. From the phpneme strings
produced the phoneme string which is repeated the maximum
number of time is chosen.

This chosen string is the phoneme representation of
that particular word. This proéess is repeated for all the
words 1n the vocabulary. The words in the vocabulary and
their respective phoneme representations are given 1in
Table 4-3,.

Program VOCAB 1is used to create a library file

containing the phoneme representations of our vocabulary.




Table 4.3

Word and their Phoneme

Zero 26, 27,
One 29, 36,
Two 3, 6,
Three 22, 53,
Four 9, 30,
Five 13, 38,
Six 40, 42
Seven 2, 40,
Eight 49, 6,
Nine 15, 56,
Point 12, 13,

|
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Representations

1, 29, 1"
k6

18

6

9

39, 11

38, 48
53

57, 58
15, 39




This program is also used for editing and modification of a

previously created library file.

Speech recognition

In order tvo explain the speech recognition process it
is necessary to first explain the discrete word recognition
scheme used. Subroutine FINDWORD does the discrete word
recognition process. The input to this subroutine is the
phoneme string representation of the input speech. This
phoneme string is compared against all the phoneme strings
in the tibrary. The comparison is done on the basis of an
error value. The error value is calculated based upon a
number of rules, which will now be explained.

Each phoneme of the input string is compared with the
corresponding phoneme in a string in the library. Every
word in the library is in the form of a phoneme string. The
first phoneme of the input string is compared against the
first phoneme of a word string in the library. The second
against the second and so on. The comparison is done using
the distance matrix and adding that distance value to the
error. This is done for all the words strings in the
library. No form of transition rule for going to the next
phoneme is used, since the compression stage (as explained
earlier) eliminates multiple adjacent phonemes, and adjacent
phonemes which are too close to each other. Hence a one to
one comparison is done between the input string and all the

word strings in the library.
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Since the number of phonemes in a word differ from word

to word a penalty value is added to the error value. This
penalty value depends upon the difference in the number of
phonemes in the input string, and the number of phonemes in
a particular word string in the 1library. By repeated
experimentation, an initial value of 120 was found for the
penalty, which gave the best word recognition score. The
penalty value is an accumulative function. For example if
the difference between the number of phonemes in the input
string and a particular word string in the library is given

by N, then the error is calculated as:

E = E{ + 120 i = Nqy to Np
i+ i 1
where N2.N1 = N

The above calculation is repeated twice again. Once by
shifting the input phoneme string one phoneme right and
again by shifting the input phoneme string one phoneme left
from its original position.

This means that it is assumed that the first phoneme in
the input string is in error. This assumption was made
because of to the threshold technique used in finding the
start of a word. It is possible to have noise as the first
phoneme 1n the string or to miss the first phoneme in the
word. The threshold technique used was explained earlier in
the chapter.

In this an average value of error is calculated for

each word in the library. The word string in the library
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which gave the minimum error value is chosen as the best
match to the input phoneme string. This word then is the
output of the discrete word recognition subroutine.

The connected word recognition scheme makes use of the
discrete word recognition scheme as follows. The input
phoneme string is checked for number of phonemes between
zero phoneme values. Two limits are put on the number of
phonemes in a word. It is seen for the given vocabulary
that the minimum number of phonemes in a word is two, and
the maximum number of phonemes in a word is eight. 3So if
the number of phonemes between any two zeroes is less than
nine, it is assumed to be one word and the discrete word
recognition scheme is used to find the word. If the number
of phonemes is greater than or equal to nine between any two
zeroes it is assumed that this string consists of two or
more words. In this case the connected word recognition
scheme is used. Each phoneme from the input string is added
to the buffer one at a time. After each addition the
temporary buffer is assumed to be a word string and the
discrete word recognition algorithm applied to it. At the
end ot ten additions, a deck is made for the point where, in
the addition of phenomes, the best match to a word in the
library occured. This word is chosen as the first word in
the connected word string. The above process is repeated
starting from the last phoneme of the previous word. The

last phoneme of the previous word is used again since in

connected speech the last phoneme of the previous word and
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the first phoneme in the next word can be same. If they are
not in a particular case, the error is removed by the
shifting used in the discrete word recognition scheme,
explained earlier.

The above process is repeated till the end of the input
phoneme string is reached. The total error value for the
whole input phoneme string is calculated. Next it is
assumed that the recognition of the first word in the
connected word string was in error. The next best match for
the first word is chosen and the whole above process
repeated. A total error value for this recognition of the
input phoneme string is calculated. Next it is assumed that
the second word then the third and so on are in error and
all their total error values calculated. In the end the
process which gave the minimum total error value is chosen
as the best recognition of words for the input phoneme
string. This sequence of words is displayed and the whole
process repeated starting with the next string of phonemes,
between two zero numbered phonemes. In this way discrete
word recognition and connected word recognition is done till
the end of the input phoneme string is reached.

The output is displayed on the H-19 terminal on a line

in reverse video using subroutine WTYPE.
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e V. Results and Conclusions

The system was initially designed to recognize phonemes

uttered in continuous speech. Once fairly consistent

ey ey, -

phoneme recognition was achieved, the problem of discrete
word recognition was tackled. Once an accuracy of about 90%
N was achieved with an eleven word vocabulary, the problem of
‘ continuous speech recognition was approached. In the end an

accuracy of about 80% was achieved for continuous speech

p: recognition.

Phoneme Recognition
Using program CREATEMP a template file was created.

IO N A -

.i} The speech input was given by a tape containing the
’ following sentences.
"It's time to round up the herd of Asain cattle," "Few
theives are ever sent to the jug," "May we all hear the
; yellow lion roar," "We were away a year ago," "Zero one
% two three four five six seven eight nine point.®

< The template file is given as Appendix A.

Program DISMAT was used to create a distance matrix
file for this template file., The distance matrix is given
" in Table 4-2.

Program SPEECH was used in the phoneme recognition made

to give the phoneme strings recognized for the words in our

T vocabulary. The words in the vocabulary contain the digits
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zZero
Zero

One
One

Two
Two

Three
Three

Four
Four

Five
Five

Six

ﬁ Six

-
*
-~
-

Seven

Seven

Eight
Eight

Nine
Nine

Point
Point

Phoneme

25,.
26,

29’
29,

3,
3,

6,
6,

9,
9,

35,
35,

40,

4o,

53,
53,

48,
15,

12,
12,

....................

---------------

Table 5<1

Recognition Results

27,
27,

60,
60,

6,

27
27

30,
30,

36,
36,

42
42

45,
u6,

23,
23,

u6,
56,

13,
13,

39 ’
39,

48

53,
53,

57,
57,

15,
15,

11, 34, 11, 29

9 29, 11

48
4y

21

40
40, 43

48

1
11

58
58

54
54

..................




Table 5-2 LIBRARY FILE
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zero to nine and point. The result of the phoneme
recognition is given in Table 5-1. It can be seen that
phoneme strings for the same word are either quite similar

or exactly the same.

Discrete Word Recognition ‘

Program CLIB was used to create a library file. The
phoneme strings produced by the phoneme recognition process
are used to create this library file which represents our
systems vocabulary. The library file is given in Table 5-2.

Program SPEECH is used in the speech recognition made
to recognize words spocken one at a time i.e. discrete word
recognition. Each word of the vocabulary is repeated ten
times. The discrete word recognition results are given in
Table 5-3.

An overall accuracy of about 94% was achieved.

Continuous Speech Recognition
As done previously program SPEECH is used in the speech

recognition mode. A maximum of 5 seconds of speech input is
possible. Various sequences of words in the library were
tried. A sample of the results achieved is shown in Table
S5-4.

The complete speech recognition system is very
flexible. For example to change the vocabulary of the
system it 1s required to change the library file and the
output file WTYPE only.
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2 L Table 5-3
{
2- Discrete Word Reccgnition Results

Word Correctly identified
. out of 1Q tries

- Zero . 10

One 10
y Two 10
(< Three 9

s Four 10

. Five 7
-'_‘:
AN Seven 9
. ‘_\
a Eight 10

&

N Nine 8

Point 10

accuracy = 93.6%

NG
>
)
o
~
N
o
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Sentence

1.67

123456789.

235.9
0.26
9878654321

4.27

Table 5-4

Continuous Speech Recognition Results

Correctly Recognized
out of 5 tries.

Incorrectly Recognized
as:
1.671

123456185.
123456749.

187654321
987654331




fg ) The system at this moment is speaker dependent. An
SR

%i ST attempt was made to make the system speaker independent by
[

- adding phoneme strings for different people in the library

file. This worked but was abondoned as not being a good

i- solution to the problem. It is possible to make the system
L speaker independent without any change in the basic system

itself. This can be done by a recursive use of program

CREATEMP to obtain a final template file which contains all

or most of the phoneme sounds in the English language. This

can be done over a period of time since program CREATEMP is

able to edit previously created template files, This

process would have taken a number of months for which there

was no time during this thesis effort. It is recommended

ij therefore that an effort be made in the future to use this
N system for obtaining a good if not ideal template file.
this would greatly increase the accuracy and vocabulary of

the system.
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Appendix A

A/D/A operation

'/ 6/83
Yy 3

o-digital conversion
annel: O

innel:. #&
on ctount: 16000
or: -1

16) (Octal format):
000000 000000 000000

of 32
-7044 -~5097 -3408
-2789 -17864 -1719
-1853 -2563 -3113
-5531 -~-3603 -3161
-5533 -~2997 -2107
-110546 -9%789 -3973
-17508 -98431 -958601
-13176 -19011 -9650
-14419 -20989 -B496
-16636 21112 -B433
-186885 -18439 -8572
-12059 -18088 -10973
-6172 —-131146 16022
-5657 -11001 -~14286
-6392 -12194 -146942
-10279 -6767 -4206

-10903 -7158 ~-4142
-13274 =791 ~A4777
-14337 ~-7549 -4432
-13371 -46778 -4139
-13794 -7803 -4480
-15185 -8901 -~5093
-12405 -8617 -4182
-8876 -3338 -3337
-9284 ~35220 <3133
-10134 -5397 -3512
-13838 -7851 -4801
-12294 -13397 -10161
-1H4560 -14487 -8742
-16085 -137687 -9427
-13956 -13283 =720
-10188 -13700 -9266

000000

-2634
=-1324
-3036
~2420
-14679
-2999
-3373
-6027
=5923
~&63527
~7679
-11122
-10930
-13374
-11046
=3144

~3048
-33595
*=3339
-36646
-3233
-3879
-3043
-2336
-2207
~2487
=3332
-11731
-9843
~11018
-11602
~11227

037434

-18%90
-1200
-~1893
-1629
~1380
-2197
-21462
-6956
-9284
~-&6931
~4286
-10411
-12036
~-124688
~7943
~-2231

-2419
~-2844
-3116
-44632
-2909
~2903
-2313
-1844
-1731
-1939
-2489
-12644
~10427
-12638
~15133
-19519

126010 000000 000000 037434

-2004
-1686
-2090
-2173
-2140
-2406
-2478
-8111
-6443
-3783
-2589
-6516
-103390
-9802
-7737
-2414

-2914
~3756
-4848
~7332
-4618
-2975
~-22593
-2163
-2102
-2231
-2711
-767%9
-3871
-&717
-7230
-4850

0
-1038
-1340
-1284
-1778
-2037
-1843
-413935
~-2820
-13930

~937
-2733
-4500
-5083
-11323
-2194

-2982
=3902
-238%9
-2937
~-3741
-3308
-1532
~1491
~-1576
-1719
~-1412
-3723
-2687
~-3329
~-3643
-3354

-2348
~1649
~2169
-2716
-2832
~-3383
-4271

-3238
-2138
~-1530
-1160
-2659
=3343
=3441.
~-7540
~-3182

~-3247

~~2989

~1870
-1910
~2124
~-6440
-24%8
-2%520
-2697
-2927
-2259
~3451
-239%
-26828
=-3054
~2785

~4324
-2433
-2997
-37%3
~-3983
-4847
-4640
-272%
-1950
~1646
-14723
-2808
-2726
-2019
-4344
-3589

-2883
-2352
-1904
-1817
-1801
-&6424
-34672
-3799
-4028
~4134
-3389
-3296
-2219
-2474
-2606
-2416

134121

-3322
-2627
-3312
-4790
~3994
-7707
=337
-24468
~1574
-1097

-937
-2247
-2186
-2502
-2883
~5340

~-3113
-2516
-1627
-1371
~-1062
-5399
~-5667
=3396
~-6446
-6366
-4403
-2443
-1723
-1797
-1933
-1790

037432

~-3436
-3276
4022
=7833
-12779
~11344
=3427
~-3430
-1927
-1097
-803
-2771
-2160
-2407
-2513
~-7828

-35037
-3573
~-2147
-1971
-946%9
~8330
-~10332
~10347
-128%92
-12183
-722%9
-2870
-1694
~1883%5
~-2157
-1819

117676

-45639
-3925
-4B811
=7356
-10339
-9591
-5168
-3013
-1903
-1097
~714
-2584
-2520
-2841
-2358
-9877

-6493
-4011
-2909
-2588
-1339
-7548
=7750
-8343
~-a127
-8378
-5422
-2792
1664
-1883
-2213
~-1989

0374236

-12142
-12048
-13327
-16593
-17094
-12032
-4218
~-6956
-3243
-2310
~1830
~-4456
-7406
~-B8481
-3802
-14594

-13112
-10028
~4510
7794
-2723
-10353
-11191
-13622
-13172
-13023
~3533
-6534
-3621
~-3829
~4119
-§943

134121

-19339
-193467

-20824

-17731%
-13207
-10233
-2162
~-3847
-1833
-1126
=629
=3%3595
-6686
-7404
-3413
-12474

~11036
=7767
-4987
~63131%
-1970
=-7392
-9282
-12249
-11281
-10090
-3276
-4227
-3067
=-3771
~-4231
-5a%58

037432

-16667
20302
-17314
-1234%
~=7410
-46103
-1263
-2340
-1104
-919

0
~2346
-3291
-3832
~2016
-4913

-6031
=33506
-3220
-2618

o
~-4169
-3118
-7100
-3568689%
=54671
-1412
-2598
-2013
-2239
-2017
-2416
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Appendix B

ASA-16 SPEECH PREPROCESSOR
The ASA~16 caip is a 23-pin integrated circuit with 4800 equivalent transis-

cors. It provides audio spectrum analysis over the range of incelligibility
for speecn tnat is 200 to 7000 Bz.

The analog input to the ASA~16 is 7 volts rms maximum, from a low-output
impedance source of 600 obhms or less. The ASA~16 consists of 16 bandpass fil-
ters each followed by a halfwave rectifier and a second order low-pass filter
with 25-Hz cutoff. The monolithic ASA~16 utilizes NMOS switched-capacitor
technology with 100 operational amplifiers to achieve the required audio
spectrum analysis. Additiomally, this chip contains a l6-channel analog
multiplexer and deccder and provides all the necessary timing signals from a
single TTL 1-MHz clock. Each bandpass filter center frequency is linearly
related to the clock frequency. Clock tramslatiom results in spectral
translation. The analog multiplexer is addressed via four TTL lines. The
analog output of the chip is from a buffer amplifier. This output is suitatle
for input to a 0 to 5-volts user-supplied analog-to-digital coaverter
(National part number ADC0804).

The i{nput and output signals for the ASA-16 speech preprocessor are showa in
figure 1 and listed in table 1.

CHANNEL & \'/?723 CHANNEL $
CHANNEL 3 27 CHANNEL 6
CHANNEL 2 26 CHANNEL 7
2¢ MUX QUTPUT

a

CHANNEL 1 23 CHANNEL 8
ANALOG GND

ANALOG INPUT 2 ADORESS A

22 ADDRESS A

2 ACJRESS a

voo
VASTER CLOCK

20 2 aocRess a
9 Vss

QIGITAL GND

DIGITAL GNO
'8 ] CHANNEL 3
17 o) SHANNEL '0

(ST * Ry Y

—«wwqauhun-‘

CHANNEL 16
CHANNEL 1§

YR

CHANNEL 14 13 ‘6 CHANNEL. 11
CHANNEL 13 HE 1% CHANNEL 12
v ® »10V, S PERCENT

00
Vee ® ~10V, *SPERCENT

Figure 1. ASA-16 Speech Preprccessor Pin Assignoents
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Table 1.

ASA-16 Input and Output Siznals

e AR

Signal

Channel 1 tarougn 16

Analog Input
"nn and V‘ss

.Master Clock

Pin No.
1 through 4

11 througn 18
25 througn 28

7, 19

| pin following microphone

Signal Description

These pins provide output connectionr
for each of tne 16 spectrum analyzer
cnannels prior to multiplexing. I‘heL
bigh impedance outputs should be

loaded with more than 200 kilohms.
These low pass filter outputs permit
using an external multiplexer and A/}
converter such as the Natiomal

ADCO816.
The speech input is applied to this

amplification. The input signal

level should not exceed 7 voits rms.

Power is supplied to the ASA~16 us
these pins.

Vsg 1s ~10 volts, +5 percent.

VDD is +10 volts and

The master clock is a 1-MHz input

signal that synchronizes the ASA-16
1dgic.

S R L

A e .
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S Tabie 1. AaSA-16 Input and Output Signals

Signal Pin No. Signal Description
Multiplexer Output 24 The ASA-16 on-board analog multi~-

plexer output is available at this
pin. The output voltage is 4.5 volts
dc, +10 percent for a 5-volt rms
signal at the analog input pin at the
center frequency of the corresponding

selected multiplexer channel.

Address 20 through 23 | The control signals applied select
(Ao through A3) the multiplexer channel for output

. -~ PRI
- S T L SN

from the ASA-16 on—-board analog
multiplexer. Pin 21 is the MSB and
Pin 20 is the LSB. )

CAPLL, Y,

8

d Digital Ground 9 This line should be connected to a
» .low TTL logic level. With this input
= low, the analog multiplexer output
'f corresponds to the channel specified
S{ . by the active 4-bit multiplexer

N address.

ot B

- Offset Adjust S This pin provides a method for

N compensation of the ASA~16 offset

f; , icharac:eris:ics.

Y AN

v,
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Appendix C

The transfer function of the preemphasis filter is

calculated as follows:

c
Y
A

- 2% —
R1

The transfer function of the above circuit is:

s + 1/T

P(s) = o707

since a cutoff frequency of 500Hz is desired. Hence

I -4
T = 5550 ° 3.18309 x 10 sec,

For a gain of 6db/octave an « = 0.1 is chosen. The
component values Ry, Ry and C are calculated as below.

RiCc = T = 3.18309 x 10-%

Assuming C = 0.02yF
_3.18309 x 10-4
0.02 x 10-6

R2
-R1+R2

= 15915.494¢
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Ry = aRq + aR>
aRy 0.1 x 15915.494 @
R2 = 17z ° 1= 0.1

1.768 x 103 a2 .

R2

Hence the component values are chosen as:

Ry = 15Ka
Ry = 1.8Kae
C = 0.02uF
with these component values
o= 1.8 x 103 = 0.1071428

(1.8 x 103) + (15 x 103)

-3
n

15 x 103 x 0.02 x 10=6 = 3 x 10-% sec.

Hence the transfer function is:

s+ 3333.33
Ps = —7737777.728~ °
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Appendix D

The transfer function of the low pass filter is

calculated as follows:

R. 'L'Cz

Rs —fe

The voltage transfer function for the above circuit is:

Eo( ) -1/R4R3CCy
-—\8) =
By 2.+ 1 &1 41 15+ 1

R4 R3 Ry C RoR3CCy

The corresponding lowpass network function is:

“H_y .2
H(s) = °0°

s2 & WgoS + w°2

where:

H, = 104720 y A passband gain in dB

-

2 F y F cutoff frequency in Hertz

=
o
"

peaking factor




- For our purpose:

(
- A = 17dB
N F = TO00Hz
. a =1
.
which gives
- Ho = 7.0794
P Wy = 43982.297 rad/sec.
ﬁ Assuming Cq = 0.02 F , the component values of the low pass
5 filter are calculated as:
. 4(1 + Ho)C‘]
m = = 0.6U64uyF = 0.6yF
» -~ a2
R, = —32 _ = 568.41 ~ 560¢
2 T JyFCy > >
L R2
) Ry = = 80.29 x 82=q
- Ho
.: R2
R3 = = 70.35 =~ 68¢a
. Ho + 1
3 These values of components gives a voltage transfer
; funct;on for the low pass filter as:
% Eq -1.4945 x 1010
x ——(8) =
Ey s2 + 47811.198s + 2.18837 x 109
SR
2
-
3
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Appendix E

Title: SPEECH. FR
Author: Capt. A mal Hussain
Date: Aug 83

Function:
This program does continuous speech recognition. It needs as
input a template file, the corresponding distance matrix ¢file,
and lidbrary file. A maximum of O seconds of speech input is taken
and typed out on the video console (H19 terminal) in reverse
video.

Er.vironment:
This is a Fortran V program that has been desigined to run
on & mapped—RDOS Eclipse §/250 minicomputer equipped with a
model 4331 single board converter.

Compile command:
FORTRAN SPEECH

Load command:
RLDR/P 2/K SPEECH REDBUF SREDM FINDWORD WTYPE SAMCONFIG7 @SAMLIBe

Comments:
The input files required by the program are: -
Template file ~————w==—= -TEMP20. DA
Distance matrix file ----MAT20. DA
Library file —=———ve———— LIB20 DA

The hardware should be connected to the Eclipse A/D/A converter.

User‘s guide:

The hardware is connected to the Eclipse A/D/A converter as
shown in the Thesis “ Limited Continuos Speech Recognition by
Phoneme Analysis . The D/A coverter is clocked externally with
& 400 Hz TTL signal.

Program SPEECH is run. It comes up with the main meneu
on the CRT as follows: -

Program SPEECH. SV executing

Please select which operation will de performed
: change variables

speech conversions

read templates from €£i7 .

print phonemes found

read distance matrix from file

read library

#ind word

: enit

selection: "

Nresrumpro

Select operation " O *. For TEMP20. DA the variable values
are: -
distance limit: 0. 01
penalty: 8
min. word length: 1
max. word length: 9
select " & " to find words

*

L 3R B BURE BN BN BN B B IR BN BN BN BN BN BN BN BE BE BN BE BN BN BE DR BN BN B IR RE IR B AR DR BN IR R BN BE BE BN OB BN BN BN BN BN BE B BN R BN BN N BN IR O |




AN
o *
c From the main menu next select operation " 2 " and read “*
Cc in template file " TEMP20.DA ”. -
o -
c From the main menu next select operation " 4 " and read »
c in distance matrix file * MATZ0. DA *. *
c -
Y c From the main menu next select operation ¥ 5 " and read *
- Cc in library file * LIB2001.DA ", or your own lidrary file. *
. C -
NG c From the main menu next select operation " 1 ". The *
b C following message will be displayed an the screen: - »
c -
- c Speech input time in seconds (max. 9 secs.) *
c or ‘O’ for main menu = »
N c *
- C Type the desired amount of time and press " carraige *
: (o return “ to start the conversion. Speak into the microphone *
C for that amount of time. The recognized speech will be displayed *
o on the CRT in reverse video and the system will ask you for the W*®
C next amount of time. @
C «
o c *
! CHBBDNEREENE 800 G T 00 50034 T 3030 15 A0 3303 4040 S0 48 34040 3090 U 30 4 3 A S0 U 46 B30 A 46903 2 W4 S 4 B i
" EXTERNAL 1DS21  ;A/D device
4 EXTERNAL IDS23 :D/A device required by SAM
, COMMON / IBUFF / 1IDATA3(2010) ;A/D data buffer
6 COMMON / IBUFO / ITEMP(1280) :D/A data buffer required by SAM
) INTEGER IQORBA(14)., IPHON(125), DEVICE. LIB(2%6), J, K, I, L, M, N. COUNT
INTEGER P, Q, R, TWORD(10),WORD(12%9).S5, T, U, V. W, REJ(10, 10), X, Y, Z, FLAG
REAL HAG(12%5), MAT(2432), LDIS, TOT(S5), PEN
DOVELE PRECISION REAL TEMP., TEMP1., TEMP3
CRRENDABRRRDESRBBRRSRBEBEBREGRGREBBSRBEBBRRERRRBESEREBREBBRGRBDPRCG SRR R RS RR2 4242048
Cc -
C INITIALIZATION »
Cc *
CREBRAHAVBABRBRBZPBRBABBHR BB R BERB BB RRRRREBBHBRR BN R R R R B 0NN RSN RN
DEVICE=21
CALL DSTRT(IER) ialways initialize device
IF (IER.NE. 1) CALL ERROR("DSTRT error”) ;if ‘errar’ display error
inumber
-




C{'.QQ.Q...l‘l’.’QQQi’fl"QQQQQOQQQ{QQGQQ*OOOQOQQ&iQQf#f’*if’#b”{Q’.’l”*"”““# +

c ®
C MAIN MENU #
(o4 *

[of rrveeewrrwwryreryeeye 22T 2R YT IS S22 I I LS LTI S LR A2 S e 2 ad il ol il st Al adl sl

10 TYPE *<CR>
#+Program SPEECH. SV executing”

ACCEPT “<CR>

#Please select which operation will be perfarmed, <CR>
O0: change variables<CR>

speech conversions<CR>

read templates from filelCRD>

print phonemes found<CR>

read distance matrix from £iledCRD>
read library<CR>

find word<CR>

exitdlCR>

Osoloctzon ", 10P

TYEEEEE
Nrasruneg

c go to code for selection made

IF (1QP.EQ. Q) GO TO 11

IF (I10P.EQ. 1) €0 TO 20

IF (10P. EQ. 2) GO TO &0

IF (IOP.EQ.3) G0 TO 110

IF (IOP.EQG. 4) GO TO 140

IF (10P.EQ. 5) 60 TO 30

IF (I0P.EO. &) €D TD 70

IF (I0P.EQ. 7) GO TO 160

WRITE (10.1) idisplay message if selection made

; from other than given options
¢o0 TO 10
1 FORMAT ("<CRO>CCRDCCROC3IDC1460>

sPlease make selections only from the given options
#<33><C1615")

"
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c o
" C ACCEPT VALUES QF VARIABLES -
o c "
." CQ!QO.G.OQ’GQOQOQOQIQQQ.Q.’Qlli’iii'i.6.9’.’!.&’04060’Qi’.i.di!i{hfib*!..”.ib&

113 TYPE LDIS, PEN. LEN{, LEN2 idisplay current variable values

ACCEPT"<CCROdistance limit: "“,LDIS ;jdistance between adjacent
i phonemes., less than which
ithey are considered same

ACCEPT"<CROpenalty: ", PEN ipenalty to be added to
ierror due to differences
iin number of phonemes in
iinput word and library

i word
ACCEPT"<CR>min. word length: ”,LEN1 inumber of phonemes in the
ismallest word in library
ACCEPT"<CR>max. word length: ",LEN2 inumber of phonemes in the
i longest word in library
ACCEPT"<CR> 3’1’ for speech recognition
# . speech recognition<CR)> i ‘2’ Just phoneme analysis

# 2: just phoneme analysisCCR>
#gelection: “,FWORD
GO0 T . Q
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Cc *
c A/D CONVERSION »
C *

[ 2122222222222 2 2222 22 22222 22222 T AT E 2L LIRS Y Y Y2

20 IDATAl = 41700k ;a/d 16 channels starting with channel 1 on to
ichannel 16 cyclicly, using external clock

22 ACCEPT “<CR>

#Speech input time in seconds (max. Ssecs) = *, IDATA2

IF (IDATA2.EGQ. 0} 60 TO 10

IF ((IDATA2.LT. &) AND. (IDATAR. NE. 0)) GO TO 2% °

TYPE "<CRO>CCR2>C3ITIOCL160>
#Time input should be less than O secs and greater than zevo
#<33><14615"

eC T4 22

23 IDATA2 = IDATA2 # 400
(o start coversion
27 CALL DOITW(IORBA, 1DS21,8, IDATAL, IDATA2. IDATA3, 1ER)

Cc display error message and number if error occured in A/D coversion
c else display no errors reported

TYPE "<75<75L7><CR>
#<33><160>
«Conversion operation completed"

IF (IER.NE. 1) TYPE "DOIT error ", IER

IF (IDRBA(14). NE. 40000K) TYPE "10RBA(14) return ", 10RBA(14)

IF (IER.EG. 1 .AND. IORBA(14). EG. 40000K) TYPE "No errors reported”
TYPE "<33><1610°

¢0 TO ¢«
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c READ TEMPLATE FILE "
c -

CREBRRNVVBVRNVRVVBLVRVERRRSRBPUERABRBPRPEBRRB R RDB BB R RERPHRBRRRGERRRRBRR BRGNS

&0 CALL REDBUF(ITEMP, 1280, 5)
TYPE *“<75<T><7O>LCROCIIANKL1460>
#Templates read into buffer

#<A3DLL161O"

G0 TO 10
CRENERRNBINESRINERRRRRBRRVBRBDRERBRRFRB SRR BREER BB RRBRRB SRR RS R SR HERBRRBROBES R
c -
c NORMALIZE INPUT BUFFER »
c .
C.0.QOOQQQQO.IQQQ.'O’..Q...Q..'QOQ.’.QQQQQQQQQ...QOQQQ.QQ...QQ{QQ....QO.Q..I.'l

90 TEMP = O ;inormalize input buffer IDATAZ
=1 iin packets of 16 elements

K= i each. Normalization is done

L= ito & value of 32000.

ielements having value
DO 95 I = 1, (IDATA2/16) iless than 200 are made
TEMP = O i zero (thresholding).

ithe energy value of each
DO 92 JV = K, (K+1D) ipacket (phoneme) is stored
IDATA3(J) = IDATA3(J) = IDATA3(J=K+1) iin array MAG.
IF (ABS(IDATA3(J)).LT. 200) IDATA3(J)=0
TEMP = TEMP ¢ FLOAT(1IDATAJI(J))##2
92 CONTINVE

TEMP = (SGRT(TEMP)/32000)
MAG(I) = TEMP

DO 94 J = K, (K+13)
IDATA3(J) = FLOAT(1IDATA3(J))/TEMP
94 CONTINUE

K = Keld
95 CONTINUE
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ol *
C PHONEME EXTRACTION AND COMPRESSION "
C *

CHONBBERRRRRIVRRRNRARPPDORRERVRRVARVERTRBRBBRHERRBBBRREBFR BBV F AR PPV ERERBESRERRE 4

80 poes 1 = 1,129 iclear phoneme string
IPHON(I) = O
88 CONTINVE

c initialize variabdles

TEMP = O

1 =1

Mm=20

TEMPL = 9.0E 60

DO 87 L = 1, IDATA2, 16 ianalyze input buffer a phoneme at a time

IF (MAG(I).LT.0.25) GO TO 8014 iif energy value of phoneme is less
ithan 0.2935, consider it as noise
;and assign it phoneme number zero

DO 86 K = 1, (ITEMP(1121)#14), 14& ;compare with all phonemes in
itemplate file

c DO B9 N= -1,1
N =0

compare each phoneme of input buffer with all phonemes in template
file element by element. TEMP accumalates the error for each phoneme.
The phoneme in the template with the smallest error value is chosen
a3 the recognized phoneme and it’‘’s phoneme number added to the
phoneme string IPHON.

OO0 0

DO 83 J = L, (L+1D)
IF(({J+N). EQ. 0). OR. ((J+N=-L).CT. 16)) QO TO 8%
TEMP = TEMP + (FLOAT(IDATA3(J+N)) = FLOAT(ITEMP(K+M)))=aB
MuMe+t
83 CONTINUE

IF (TEMP. CT. TEMP1) €O TO 82
TEMP1 = TEMP
IPHON(I) = (K+13)/16
82 TEMP = O
M=0
ca9 CONTINUE
86 CONTINUE

801 TEMP1 = 9.0E 40
I=1+1
87 CONTINVE
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compress phoneme string by combining adjacent phonemes which are same

or are closer than variadle LDIS from each other. Two or more adjacent
zero’s are represented by a single 2ero. One tero alone is ignored as

an error. The length of the compressed phoneme string is stored in

variable 'J’.

[s N e NeNeNgl

DO BO6 K = 1,9
DO 805 1 = 1, ({IDATA2/14)~1)
IF C(IPHON(I).EG.0) GO TO 807
IF (IPHON(l+1).EQ.0) GO TO 807
IF (IPHON(I). EG. IPHON(I+1)) G0 TO 807
N = IPHON(I)
P = IPHON(I+)1)
IF (N.GT.P) G0 TO 810
Q=N
N=FP
Ps=Q
810 IF(MAT(((N#(N—-1))/2)+P). CE. LDIS) G0 TO 807
IF (IPHON(I).LT. IPHON(1+1)) IPHON(I+1) = IPHON(I)
IF (IPHON(1). GT. IPHON(I+1)) IPHON(I) = IPHON(I+1)
807 CONTINUE
809 CONTINUE
806 CONTINVE

V=1
DO 803 I = 1, (IDATA2/16)
IF ((IPHON(I).EQ. O). AND. (J. EQ. 1)) 60 TO 805
IF ((IPHON(I). EQ. O). AND. (IPHON(I-1).NE.0)) GO TO 805
IF (IPHON(I). EQ. IPHON(I+1)) GO TO 805
IPHON(J) = IPHON(I)
Jm=J e+t

805 CONTINUE ,
DO 808 L = J, (IDATA2/16)
IPHON(L) = O

808 CONTINUE
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CRRRINRRRARENIERRERVVRRNVRR ALV REBRRNBOLFSRRRB PR RR RV RS SRR G RPN BN ORFFERRRRRLRVRER
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READ DISTANCE MATRIX FILE ]
)

CoORRRRIRRBBRRRRRRORRRERRERRRBRERVERBBERRRGE VPR RRRBRR R ERBRBRORRECGBEF ISR GG ES

eQ TO 10
CRAIBNGNNBIRVR AR RVRRVD BNV BRNRRNERAERREREB RV GRS DA BRI PRV IRDEREBDR SRS BRE RS R HEEN
.
READ LIBRARY FILE »
]

CRORNIVVRNRVVDBRVBVVVVIDRBRBBRRRRVVRRBRRBRRRRRBRREBRE RV ARV BFLRVRRRRR SRR

~

- Eona and e ok o - S R
A A A A A A AR A SO I M Rt A i Bl

e [ 222222222 22282 222l 222 s d 2222222222222 R AL Ry s Yy SR

*

PRINT PHONEME STRING *
2 ]

.‘,-" CRANNBVVDBVRRBERBVBVLBBARBRRRBRARIRRR A BB RERBRPRE S RB AR RRORVER G RR GRS R R RSB RESS

WRITE(12.1148) iprint compressed phoneme string
L= + 10 phonemes on & line. Also prints
PO 112 I = 5.V ithe distances between adjacent
WRITE(12,111) IPHON(I) i phonemes

IF (IPHON(1).EQ.O) CO TO 122

IF (L.NE. 10) GO TO 116

WRITE(12,114)

L=0

LsiL +1

CONTINUVE

WRITEC12. 114)

WRITE(12, 12%)

FORMAT (20X)

L=}

M = MAT(2416)

DO 115 1 = 1, (J=-1)

IF(IPHONCI). GE. IPHON(I+1)) QO TO 119

WRITE(12,117) MAT(((IPHON(I+1)®(IPHON(I+1)=1))/2)+IPHON(I))
0 TO 120

WRITE(12,117) MAT(((IPHON(I)#(IPHON(1)=1))/2)+IPHON(I+1))
IF(L..NE. 10) G0 TO 118

WRITE(12, 114)

L=0

L=L +1

CONTINUE

WRITE(12.114)

FORMAT(”+"*,€10. 1, 2)

WRITE(12: 114)

FORMAT(1X)

FORMAT (»+", 7X, 13, 2)

IF(FWORD. EQ. 1) 60 TO 70

CALL SREDM(MAT, 2432)

CALL REDBUF(LIR, 2%.1)
€0 7O 10

91
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CONTINUOUS SPEECH RECOGNITION

*
»
L

Cas ’.C".“OQ0.0QO"OQ.."OQ‘OQQ’..D..QQ.D. D..QO.QQ.’.QO..Q..Q.Q’CQQOQ..QQCQO"

70

189
188
187
172

179
79

‘n 170

178

Y TERF G %W LB '.PTI'JW‘T

DO 18861 = 1,10
DO 189 K = 1,10
REJ(I.K) = O
CONTINUE
CONTINUE

Do 187 1
TOT(I) =
CONTINUVE

1,95

o

R=1

S= 1

DO 173 1 = 1,123
WORD(I) = O
CONTINUE

IF (R. GE. (V+1)) Q0 TO 20

1F (IPHON(R) EG. 0) €0 TO 170
WORD(S) = IPHON(R)

RuR + 1

S =8 +1

GG TO 79

1IF(S. GT.LEN1) GO TO 178
R=*R +

G0 TO 79

start word recognition

IF(S. GT.LEN2) GO TO 177

discrete word recognition

iclear reject matrix

;iclear total error matrina

;initialize string length variables

; clear temporary word register

;if end of string go to ‘get next

;i speech input’

; #i11 temporary word register till

i zev0 numbered phoneme found or till
;10 phonemes accumalated

;if number of phonemes less than minimum
;word length, reject zero and continue
;jaccumalating phonemes

;if string length greater than maximum
;word length go to continucus speech
;recognition

CALL FINDWORD(WORD, LIB, TEMP. MAT, PEN, L)

display recognized word

CalLL HTYPE(L»”00112233445966778899..00112233445566778899..")
S=1
€0 TO 172

;initialize string length
iget next string

‘a' 'R L




2o
o
N
:xj c continuous word recognition
S
K~ 177 v = 3 sinitialize variables
' W=
R, X = 1
=" Y =1
FLAC = ©
&; 171 DO 176 I = 1,10 iclear temporary word register
‘e TWORD(I) = O
j 176 CONTINVE
oy TEMP3 = 9.0E &0 iinitislize error valve
DO 173 I = 1,10 icreate expected word a phoneme at
N TWORD(1) = WORD(V) i@ time till a maximum of 10 phonemes
O Vayel
'O IF (I.LE.2) G0 TO 173 iminimum of two phonemes in a word
;} [+ get error value assuming word to be correct
L,
. CALL FINDWORD({TWORD. LIB. TEMP, MAT, PEN, L)
ay IF (Y.LE. 1) @0 TO 180 ino rejection the first time arround
;: c reject word if same as previous try
£q
: : IF ((L.EQ. REJ((Y~1),(Y=1))). AND. (FLAG. EG. 1)) 60 TO 186
P
- : 180 IF (TEMP. GE. TEMPJ) G0 TUO 173 s #ind word with minimum error
TEMP3 = TEMP
-‘.t N, Ts=L
Ay U=
w’ 60 TO 173
5 186 FLAGC = 0
o 173 CONTINUVE
REJ(Y, X)=T istore word found in reject matrix
0 TOT(Y) = TOT(Y) + TEMPI saccumalate total error of string
~ X=X+ 1
3 IF ((W+U) . LT.S) GO TO 174 icheck if end of string reached
oo IF (Y.LE.4) €0 TO 179 inot more than four trys for one
. istring
- TOT(Y) = TOT(Y)/X . iaverage total error string
8§ =» 1
- TEMP3 = 9.0 E&O jinitislize error value
s,
“. DO 181 I = 1,Y s #ind string with minimum error value
- IF (TOT(1).GE. TEMP3) GO TO 181}
Y TEMPI = TOT(ID)
. I=1
I: 181 CONTINVE
b
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182
189
174
179
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display word string recocnized

DO 182 I = 31,10

CALL WTYPE(REJ(Z. 1), "00112233445546778899. . 001122334425646778699. . ")

CONTINUE
FORMAT("+"*, 13, 2)
G0 TO 79
WesWeU

Ve W-1

e0 TO 171

TOT(Y) = TOT(Y)/X
Y =Y ¢}

X = 1

FLAG = 1

V=1

W= 1

¢0 7O 171

iinitisalize variables for snalyzing
inext string

iinitialize variadbles for snalyzing
inext word of same string

CREBBBBRBPANBEREBARRBPBRERRRBRRBERRRBERRRERBBRRFEBRRB PR RS RRERRERRERBRRHERREET SN

160 CALL EXIT

END

istop program
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Title: CREATEMP. FR
Author: Capt. A mal Hussain
Date: Aug 83

Function:
This program takes a speech input. normalizes it. deletes vnwanted
phonemes, compresses the buffer and stores it in a file to be used
as & template file.

d \

Environment:
This is a Fortran V program that has been desigined to run
on a mapped—RDOS Eclipse S5/250 minicomputer equipped with a
model 4331 single board converter.

Compile command:
FORTRAN CREATEMP

Load command:
RLDR/P 2/Kh CREATEMP SREDT NEWSCR SEEIT PAPER~
SETUP HEADER WRTTEMP SAMCONFIG3 eSAMLIBE@

A L.8 8 a8 o

Comments:
The hardware should be connected to the Eclipse A/D/A converter.
The program can be used to create a new template file or to
edit an existing template file.

User’s guide:
The hardware is connected to the Eclipse A/D/A converter
as shown in the Thesis " Limited Continuous Speech Recognition
by Phoneme Analysis “. The A/D converter is clocked externally
with a 400 Hz TTL signal.
Program CREATEMP is run. It displays the main menu on the
CRT as follows: -

Ba m & 8 o o

Program CREATEMP. SV executing

Please soloct which operation will be performed,

A/D conversions

data buffer display

data buffer print

normalize

compare phonemes

delete vnwanted phonemes

compress templates

template write to file

read template from file
lo delete specitied phonemes
11: exit

selection:

".’.".’i'.'?.“.'.‘.'.‘-.’.’:'.”

Select operation " 1 ". The program will ask for the
speech input time ( & maximum aof 20 seconds of speech is possible ).
After pressing carriage return input the required speech via the
microphone. Any errors occurring during the A/D conversion will be

NN
LR BE BE B B IR BR BN BN BN BN B BR BN Ok BE B BE Bk BE B BN BE BE BE BE BE BE AR BN BE BN RS NEEE-RE IR N NE BN BN BE BN BN BN BE OBE B DR BE BN BN BN BN BN I BN

(s N e N e N e NN s N e N e N s N e Rt N N e N N N e N e Nt N e N e N e N e N e N e N e N N e N s N s N e N e N N e N e e N e e N e e Xe Ka K X K Xa K Xa e Ka N X2 Ka X: Na K2 X2 X2

¥ displayed. else " no errors reported " message is displayed and the
program returns to the main menu.
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[ Select operation “ 4 " to normalize the input buffer and 4 :
Cc return to the main menu. - N
[ -
c Select operation * 3 “. This compares all the phonemes in »
c the input buffer with each other and prints all the phoneme numbers L
c and their closest match and the distance between them. »
c <
Cc Select operation * & ". This deletes all phonemes with *
c energy value below a given limit. “
Cc i
c Select operation * 10 " to delete those phonemes which are *
c too close to each other. -
c *
Cc Select operation * 7 " to compress the date buffer. This -
Cc must be done before storing the data buffer in a template file. *
[ #
Cc Select operation * 8 " to write the buffer into a *
< template file. *
C *
c The rest of the operations are self explanatory and are L
(o4 used to analyze that everything is working well. *
[+ *
CHBRBRERRRED R RBE BRI DD B 5550730 T I A I S 0 A4 00 4 B4 B S 3 3t
EXTERNAL 1DS21 i A/D device
EXTERNAL 1DS23 iD/A device required by SAM
COMMON / IBUFF / IDATA3(16384) :A/D dats buffer .
ﬁ COMMON / 1IBUFO /7 IMWAST iD/A data buffer required by SAM
- INTECER IORBA(14), IDATAS(3500), DEVICE. J, K, I. L. M
DOUBLE PRECISION REAL TEMP, TEMP!
REAL DIFF(%00), IDATA&(500)
CHERNBRRNERARRRERRBRRBRERERBEREBRPERNBRR SRR EBRFRRRRRSRRARRBRRB R R R RS E VSRS B R BB SR
c -
c INITIALIZATION *
Cc »
CRBBRRBRBRVPRRBRBRRRIVBRRB BBV LRHRER2 20 (222222 2222222 221222ttt lgd
DEVICE=21
IDATAZ=16000
CALL DSTRT(IER) ialways initialize device
IF (IER.NE. 1) CALL ERROR("DSTRT error")
Cc clear the screen
CALL NEWSCR
.':;-:‘
o
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Cc MAIN MENU -
(o} -

CRERNRBRBBRBEVERNRBRPRRRBBERER RPN RREFRVRGRBER RGBSR B BRI P RBRRPBEGBRRBERE 4448

10 TYPE “<CR>
*Program CREATEMP. SV executing”

ACCEPT"<LCRY>
#Please select which operation will be performed, <CR>
: A/D conversions{CR>
data dbufter display<CrR>
data buffer printlCR>
normalize<CR>
compare phonemes<CRD>
delete unwanted phonemes<CR>
comprass templates{CR>
template write to file<CR>
read template from file<CR>
10: delete specified phonemes<CR>
11: exitlCRD>
selection: ", I0P

QaNearLNe

»*
*
*
*»
»
*
*
*
*
»*
*
»

IF (IOP.EQ. 1) G0 TO 20

IF (I0P.EQ.2) GO TO %0

IF (10P.EQG.3) €0 TO 30

IF (10P.EQG.4) GO TO 90

IF (10P.EQ. %) €0 TD 100

IF (10P.EQG. &) GO TO 110

IF (I0P.EQ.7) GO TO 120

IF (IOP.EG. 8) G0 TO 60

IF (I0OP.EQ.9) €0 TO 130

IF (I0P.EQ. 10) G0 TO 210

IF (IOP.EQ.11) €0 TO 80

WRITE (10,1)

€0 TO 10

1 FORMAT (*<CR>CCRO><CR><33><160>

#Please make selections only from the given options
#<33><1610")
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c @
(o A/D CONVERSION »
c *

CHRRNBEVR BB RBRBFRBDPBRBBREREVRR SRR SRR G R RERRERRERRBER B ERERRPRBRRGS RS ER RS % ®

20 IDATALl = 461700K 1A/D 16 channels starting with channel 1 on to
ichannel 16 cyclicly, using external clock

22 ACCEPT"<CRY>
#Speech input time in seconds (max. 20secs) = ", IDATAQ
IF ((IDATA2.LT. 21). AND. (IDATA2.  NE. 0)) GO TO 25
TYPE "<CR><33D<K160>
#Time input should be less than 20secs and greater than zero
#<{33><161>"
60 TO 22

2% IDATAR = IDATA2#400
CALL DOITW(IORBA, IDS21,8, IDATAL, IDATAZ, IDATAJ, IER)

TYPE "<75<7><7><CR>
#{33><1460>
#Conversion operation completed”

IF (IER.NE. 1) TYPE "DOIT error ™, IER

IF (IORBA(14). NE. 40000Kk) TYPE "IORBA(14) return ", IORBA(14)

IF (1ER.EG. 1 . AND. IORBA(14).EQ. 40000K) TYPE “No errors reported”
TYPE "<335<1610"

¢0 TO 10
CRHIPRBBRRRRBERNGHRER DR BB G BB D BRB BB R R R RS0 ST T I 04 0 AA3H00 J A4 S0 436463
c ™
Cc DATA BUFFER DISPLAY/PRINT »
c »

c.QQQCQQO00.09’0’0.0.'0.00.0’.0Q.Q...QQQQQQQQQ.QQ{.Q.QQQGQQQQQCQQQQQ..QQQ.QQ.G!
S0 CALL SETUP(IFOR. I10P, 1START. ISTOP) ;get the parameters specifying
i the section of data bduffer to bde
sworked with.
Display the user requested section of data buffer

IF (I0P.EQG. 2) CALL SEEIT(IFOR. ISTART, ISTOP, IDATA3, 16384)

Print the header and the user requested section of data buffer.

OO0 OO0

1IF (10P. EQ. 3) CALL HEADER(DEVICE, FIRST, LAST, IDATA2, 1ER.: I0ORBA. CLOCK)
IF (10P.EQ. 3) CALL PAPER(IFOR, ISTART, ISTOP, IDATA3. 1DATAR)
@0 7O 10
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CREBBINBRBRRRB D IR RRBBPR BB RRBERRBRERRERRRRBRRERRR R P EERT LG RN RN RURFRRRRRRRY I TR E

c « .j

c WRITE TEMPLATE TQ FILE - -

c . .

CRERBBRNRNEBBRRBRRDERCGHRERREERRRRRRBR RS ERARERERERRRRR RNV OCR AR R RE SRR RREBRBRRGR

&0 IDATAS(1121)=IDATAI(I1DATA+1)

CALL WRTTEMP(IDATAJ, 146384) ilet the user write specified sections
iof data bufter to file
¢0 10O 10
CREANBBRBVBBRRBRDBEBRER BB REBRRRRRBRRARERRRBPPPRRDRRORERCR! GECARRRQPOORBRRERHRB S ISR
(o *
c NORMALIZE DATA BUFFER ®
[of -

CRERBBBVRBBBRRBRRLERRBERBRRPBERERERRRR BB R BB B RRBRR RS RCOROCDRORVRERRRPC SRR TR R &L

90 TEMP = O
o= 1
K =1
L=

DO 95 1 = 1, (IDATARQ/16)
TEMP = O

DO 92 JU=mK, (K+19%)
IDATA3(J) = IDATA3(J) = IDATA3(J-K+1)
- IF (ABS(IDATA3(J)). LT. 200) IDATA3(J)=0
m TEMPaTEMP+(FLOAT ( IDATA3(J) ) #&2)
- 92 CONTINVE

TEMP=(SQRT(TEMP ) /32000)

IDATAGL(I) = ABS(TEMP)

DO 94 JU=K, (K+19)

IDATAI(J)=FLDAT(IDATA3(J) ) /TEMP
94 CONTINUE

K=U+1b
93 CONTINUE

TYPE "<7><L73<L7><CR>CITDC160>
#Normalization operation completed
#<33><161>"

¢0 TO 10
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c *
(of COMPARE PHONEMES .
c ™

CREUBAVBVVRVBP BB R BB R R RERRRRRE RSB RRERRRRRRRBERREBRRRREBARERRPRRERE RSB DERRSRE4S

100 TEMP = O
TEMPL = 9 0E&0

DO 104 J = 1, IDATA2, 16

DO 102 K = 1, IDATA2, 16

IF (J.EQ.K) €0 TO 103

DO 101 L = 0,15

TEMP = TEMP + (FLOAT(IDATA3(J+L))-FLOAT(IDATAI(K+L)))#»8
101 CONTINUE

IF (TEMP. GE. TEMP1) €0 TO 103
TEMP1 = TEMP
IDATASCINT((U+15)/716)) = INT((K+13)/16)
DIFF(INT((J+13)/16)) = TEMP
103 TEMP = O
102 CONTINUE

TEMP1 = 9 QE&0
104 CONTINUE

TEMP = O

DO 107 1 = 1, (IDATA2/16)

IF (DIFF(1).QT. TEMP) TEMP = DIFF (1)
107 CONTINUVE

DO 108 1 = 1, (1DATAR/16)
DIFF(1) = (DIFF(I)/TEMP)#100
108 CONTINUE

DO 105 I = 1, (IDATA2/16)
WRITE(12, 106) I, IDATAS(I), DIFF(I), IDATA&L(I)
105 CONTINUE

106 FORMAT(1X,I3, 95X, 13,3X,C11. 9, 35X,611.95)
CLOSE 12

B TYPE "<7><7><7><CR>CIT><1460>

E #+Comparison completed
#<33><161>"

0 TO 10

100

AR AL PRTS SRR Ly
* 1_"_{._{;1-:}_'.".. o me l"}f}ﬂ:‘-
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CRRBRRBBBRERRRBEREBRRRERRERBRRERBRRREPERRRERRERERPREBRRRRRRREBGGRRER RS R R ®R G 4

Cc .
C DELETE UNWANTED PHONEMES -
C *

CRENRBBEBRBERVUBRBERBRRERRBRBRBRBRRRBHERBERVERRERBRRERRRR R R R RR SRR BRI RN RE0S

110 K =0
DO 116 L=1, (IDATAR/16)
IF (IDATA&L(L). CT. 0.2%) G0 TO 116
I = ((Le3b)-13)
DO 113 J = I, (I+1D)
IDATA3(J) = 32000
111 CONTINUE
K= K+1
116 CONTINUVE

TYPE "<75<75<K7><CR><IAD>C1460>
snumber of templates : ", ((IDATAQ/16)-K)
TYPE “<33><1610>"

IDATA3(IDATAR+L) = ((IDATAR/16)-K)

Q0 TO 10
CREISRBNIBABBRRNBSEBRBRNFREBBBRR VBB RRBREBBRBERPBRRBBRR R PR B ERRB SRR RBPRER SRS DG 58S
[of .
C COMPRESS DATA BUFFER -
Cc *

[ 22 22 2T X222 222 2 22 22222 20 2l 2l a2 et 22t 2 22222ty Yy

cizb 120 U= 1

DO 121 1 = 1, IDATAR, 16
IF ((IDATAJ3(1). EQ. 32000). AND. (IDATA3(1+1). EG. 32000)) GO TO 121
DO 123 K = O, 15
IDATAI(J)=IDATA3(1+K)
J = J e
123 CONTINUE
121 CONTINUE

DO 122 1 = (IDATAI(IDATAR+1)#14), IDATAR
IDATA3(1) = 0O
122 CONTINUE

TYPE *£72<7><7><CR>CIAIDCL1 60>
#Templates compressed

#<33><161>"
¢0 TO 10
£
mE L .
101
P - "-!""_."1_1 b AR A VTR Y 2o 'Q.Z-.‘.P‘ Y SR Y

C T e N T T NIRRT TN IR . - NI A AR A A A et A A SANA D LAY S 4" b % o 3% S deranc




CREONRBAVEBBRBPERBRRRSPREFRBERURBRE BB RR SRR ERREERERBRIRBRSRE BB R EPRERRERRRB O % 2 ®

c «
c READ TEMPLATE FILE ' ™
c -

CHRINRNABRB BBV R BHEGRRBRBRP SRR RRVEEFRBR R BRBRRERRRERF R B RREREB SRR RE R R BRPR AR RS R

130 CALL SREDT(IDATAQ. 3400) ;let the vser write specified sections
TYPE "<7><7><7><CRO><CIATDCL1460>
#Templates read into buffer
#<330<1610"

IDATAS(IDATA2+1) = IDATAI(1121)

0 TO 10 .
(o S T TP Y S P P TP Y T T Y Y T T Y YT T T T Y T P Y Y T YT Y Y
c »
c DELETE SPECIFIED PHONEMES *
C *

[ 2 222222 22 2 2 222 12 2Tl e eIl el il el el ol el aldssdtl)

210 K =0
214 ACCEPT"<CRD>
#Template number to delete or zeroc to end : *“, I0P
IF ((IOP.LT. S01). AND. (10P. GT. 0)) GO TO 212
IF (I1DP.EQ. O) GO TOD 215
TYPE *<CR><33IDC160>

v #Template number should be between i1 and 3500
@ #<335<1612>"

- e0 TO 214

212 I = ((I0OP#146)~13)
DO 211 J = I, (I+19%)
IDATA3(J) = 32000
211 CONTINUVE

Ks K+ 1
TYPE "<72<70<K7><CROL3IIOCL160>
#Template deleted

#{33><1620"
0 TO 214
215 TYPE "Number of templates: ", (IDATA3(IDATA2+1)-K)
IDATA3S(IDATAR + 1) = IDATA3(IDATAZ+1)-K
Q0 TO 10

CRRBRBRRBNBBERNBBBVRRRBRBRRRBRRERRBBERRRRRBLRBRREFRFRBREP BB B R BBV L PR SR RRRRREHERE2R

80 CALL EXIT
END

CoORBBPIRRBNBRNRRBRBBBRBRBRRRRBRRBBERAERERRERRRBBLERBRVBRLBRRBBER RV SR PR RER SRR RSN

* o
"

)

LA
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CRUERNBRBPBBBRBRRBEERBPRBRRRBBRRRRBERBERC SRR AR R RN RRRRFERBRRFERRERERERES R RSt

Cc o
c Title: DISMATLI. FR -
Cc Author: Capt. Ajmal Hussain -
c Date: Aug 83 .
c -
c Function: L]
[ This program takes & template file, calculates the distances -
c between each template and stores it in another file. -
c .
c Environment: L
[~ This is & °Fortran V program that has been desigined to run -
c on a mapped-RDOS Eclipse S/2350 minicomputer. »
c *
(o Compile command: *
(of FORTRAN DISMAT} -
c -
c L.oad command: »
Cc RLDR DISMAT1 SETUP NEWSCR SEEIT SREDM SWRTM SREDT~ *
Cc SEEMAT @FLIB@ -
'] *
c Comments: *
c A specified template file is read from the disk. Jt’s distance -
c matriz is calculated and can be stored in another disk fijle or *
c printed out. -
c *
CRENBHDLRBPBRBVEVRRRRVBREBLEBDERBBRRR SRV BRDERRBRSRBBBBARRB B2V AHBRPRRRVBEBE0 05

INTEGER J, K, I, L,PHON(1130)
DOUBLE PRECISION REAL TEMP, TEMP1
REAL MAT(2432)

CALL NEWSCR

c N T AT A LI
AT U ISEIAG

" mammemx -

L

§ Y P Ny
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c .
c MAIN MENEV -
c . -

CRERNNBVBERNBRVLRDRNRRRVERDERRBBER ARV BB RVR RV R RERRE LR RRP BB B R AR BB SBE R ERERBER

10 TYPE “<CR>
#Program DISMAT1. 8V executing”

. ACCEPT "<CRD>
ﬁPlc.so select which opcratxon will be performed. <CRD>
read templates from file<CR>
form distance matrix<{CR>
display distance matrix<CR>
print distance matrix<{CR>
distance matriz write to #ile<CR>
read distance matrix from £ile<CR>
display templates<CR>
give distance between two phonemes<CR>
exit<{CR>
soloction ", 10P

voNeerONe

»
*
L
*
»
»
»
»
»
»

IF (IOP.EG 1) €0 TO 20

IF (10P.EQ. . 2) €0 TD 30

IF (10P.EG.3) G0 TO 40

IF (IOP.EQ. 4) GO TO SO

IF (10P.EQ. 9) GO TO &0

IF (10P.EG. &) GO TO 70

IF (I0P.EQ. 7) GO TO 80

IF (10P.EG.8) QO TO 100

IF (10P.EQ.9) 60 TO 90

WRITE (10.,1)

¢0 TO 10

b FORMAT (*<CR>SCRO>CCRO<CIIDCL160D

#*Please make selections only #rom the given options
+<335<161>")

[ 2122 21222222222l 2222 222222222 T Il Yty Y LTY YT TNE VALY LY LYY

C -
c READ TEMPLATE FILE FROM DISK "
c »

CHEBBVBBBRBBRARBREBRRBRERRBERRBERBHERBRRBRPRRRERBR BB ERERRG RS SR BRR TR BRERRRGE S

20 CALL SREDT(PHON, 1130) ]
TYPE "<70<75<75>{CRO><C3IADC160>
#Templates read into buffer

#<{33><C1610"
€0 TO 10
J
AR
) \j 1
N 1
‘ |
\ 3 |
Ly
A S |
-...: '-. }."
\.t.' - |
E:
-4 |
o |
L, |
?{ . 104 J
W
AR N T e e T L . S . :
A T T T e e RN A ATy YO PRI VRSN V= 2w \J
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CRBBBUBBBBBVRRPRBRBBEB BB BRPRRBBERERBR BB B RRER PR RRFRERRRR PR BB ER SR RBEREEREPRER SR

c -
c FORM DISTANCE MATRIX -
c -

CHRBRRRRBNIRBRRBRRERRR VRS RREBRRBRBBBLRRRRBBEREREFRERRPRRRRR PR BRR BB R B SRR RRSR

30 TEMP = O

TEMPL = O

I =1

DO 31 J = 1, (PHON(1121)%14), 16

DO 32 K = 1, (PHON(1121)#16), 16

IF (K.¢T.J) €0 TO 3%

DO 33 L = 0,19

TEMP = TEMP + (FLOAT(PHON(J+L)~PHON(K+L)))»=B
33 CONTINUVE

IF(TEMP. CT. TEMP1) TEMP1 = TEMP
MAT(I) = TEMP
I =1+
33 TEMP = O
32 CONTINUE
<} CONTINUVE
TYPE TEMP)
TEMP] = TEMP1/10000
DO 34 1 = 1, (((PHON(1121)#(PHON(1121)-1))/2)+PHON(1121))
. MAT(1) = MAT(I)/TEMP!
34 CONTINUE

@ MAT(2416)=PHONCL1121)

TYPE "<7>4£7>2<7><CR>EL3II><140>
#Distance matrix formed

#<33><161>"

€0 TO 10
CRERBERRIBINRRNERRPBARH RSN RR R R IRERRERRS RN R RS BERRERABERERE SR BB R LB SRS R NG BB 8 48
¢ .
c DISPLAY DISTANCE MATRIX »
¢ .

CRERNBBBRRVBBVEDPRRDBRRBBRRBRRBRRBRBRRVBERRRREP RS RERRBRRBRBRRRRR BB ERERBRREBREBR

40 CALL SEEMAT(MAT, 4910)
€0 TO 10

A
»L
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e c *
% c PRINT DISTANCE MATRIX .
S c .
LY C““GQ’.GQQO'.0“.‘00"“00"0’000"’0QQO#QOO..OQOQOQMQ.0.000.000000’00.000’.
ey, S0 ACCEPT"<{CROMatrix number is : ", I0P
. L = PHON(1121)
N WRITE(12, 51) I1OP
51 FORMAT (50X, "MAT", 12)
:.-j WRITE(12. 98)
WRITE(12, 38)
s 1F (PHON(1121). LE. 40) GO TO 32
L =40
WRITE(12, 35)
o _ 385  FORMAT("+%,3X, Z)
2 DO S31! = 1.L
':\j WRITE(12,54) 1
Y 83 CONTINUE
] S4 FORMAT("+*,13,2)
. K=
f DO % I = §,L
~e WRITE(12. 98)
x4 WRITE(12.94) I
\-; DO 57 V= 1,L
-~ 1F(J.GT. 1) 60 TO 57
: WRITE(12, 54) (INT(MAT(X)/100))
o : KsKe+]
@ 87 CONTINUVE
84 CONTINVE
. 58 FORMAT(1X)
;-1 IF(PHON(1123). LE. 40) €0 TD 300
¥ WRITE(12. 59)
. 59 FORMAT("1")
WRITE(12, 51) 10P
an WRITE(12. 58)
' WRITE(12, 98)
Ay WRITE(12. 53)
\: DO 501 I = 1,40
o WRITE(12,54) 1
W28 501 CONTINUE
M nt K = 820
DO %02 I = 41, PHON(1121)
any WRITE(12. 98)
WRITE(12.9%4) I
oy DO 503 J = 1,40
e WRITE(12,54) C(INTC(MAT(((I®(I~1))/2) + J))/100))
. 503 CONTINUVE
- S02 CONTINUE
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WRITE(12, 59)
WRITE(12, 31) I0P
WRITE(12, 38)
WRITE(12, 58)
WRITE(12, 53)
DO S0S 1 = 41, PHON(1121)
WRITE(12, 54) I
509 CONTINUVE
DO 306 ! = 41,PHON(112))
WRITE(12, 98)
WRITE(12, 34) I
DO S07 Vv = 41,PHON(1121)
IF(J.€T. 1) GO TO 507
WRITE(12, 54) (INT((MAT(((I#(I=1))/2) + J))/100))
S07 CONTINUE
306 CONTINVE

800 TYPE "<70<7><7><CRO><CIIOC160>
eDistance matrix printed

#<3AID<L1610"

60 TO 10
CHRRRRRRRBRRERRPRRNBR AR B DA RS FHR R BB R R B BB SR LSRR B RGPRERBEDR VRV BREREBL BG4 BB S
C »
c DISTANCE MATRIX WRITE TO FILE L
[ "

CHBRRBRBODLBRREBRRRBORRBRBBRBRBOBRRERRBRRLRBRRRBBEBBPEVD0E0LV2BBDRERBBRBEA 42 3

&0 CALL SWRTM(MAT, 2432) ilet the user write specified sections

TYPE *<7><7><7><CRO<IIADC160>
eDistance matrix written to file

#<33><161D>"
e0 TO 10
CRRNNNOBORNRERRRIRRRORERERRRBBRNBRRLEERNBEDBRBEREHFLRRINB BB R ROV PRSI VP ENB RS ERH SN
c -
c READ DISTANCE MATRIX FROM FILE »
-*

c
CHERNRDRODRERVRERNBRRPRBRBRBRRNERR BB LRBERPBVRBRCB VLB TR VOB ERTR VPRI M2EE

70 CALL SREDM(MAT, 2432)
PHON(1121)=MAT (2416)

TYPE "<L75<75><7><CROCIAIDK1600>
#Distance matrix read into bufter

#<33D<161>"
Q0 TO 10
107
Y . e® ot et e et . .
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C..QQOQOQQ.QQQQQ..060’..0'06.’&’50.6"6..0QQQQQQQQQQQ.‘QOOQGQQQQQQQQOQOOQQGEQQQ
C *
c DISPLAY TEMPLATE FILE -
C -
CQOQ..IQQQQQ.QQQO.Q.OQQ.QQQ'{.Q.OQQ.QQOQ.QQQ..QOQQ.QGQ.QIl..‘{&’.'QQ.QGQ’QQ;OOQ
80 CALL SETUP(IFOR. 2. ISTART, 1STOP) iget the parameters specifying
ithe section of data buffer to be
Jworked with.
c
c Display the user requested section of data butfer.
Cc
CALL SEEIT(IFOR. ISTART, 1STOP, PHON, 1130)
0 TO 10
CCQOCQQIQQOQ.QQQ...’Q.QGQQQQQ!OQ{.l’Q.Qi”’."i”’iQ.QQ*GGQQQQC’QOQQCQQ”OQOOO*
c *
c DISPLAY DISTANCE BETWEEN SPECIFIED PHONEMES -
c -
CQQQQCQ.QQO’Q.OiQ.Q.QQQQQ’Q.QO’.’..GQQ".QQQ’.‘OQ.GQQQ’QQQQ.Q.QQ}}{G{Q.QQQ!#‘O’A
100 ACCEPT “<CR>
e#first phoneme: “, 1}
ACCEPT *
#second phoneme: ", J
L = MAT(2416)
IF(¢(1.EQ.0}.OR. {J.EG.0)) 60 TO 10
. IF((I.GT.L).OR. (V. GT. L)) €0 TO 100
@ IF(1.GE. J) 60 TO 102
_ Kes]
I =J
J =K
102 WRITE(10,101) MAT(((I#(I-1))/2) + N}
101 FORMAT(1X, "<CR>distance is : ", 12 3)
Q0 TO 100
CoasanatoRtttetietan ittt iR RNt Rttt Rt bR R RN RRRRARRRRRORRRRRRRRRERRRREBRLEEEL4R
90 CALL EXIT
END
C.OOQOQ..0.....00...0.0.00..0.'00..’l..Q..Q...QQQ.CQO{Q.Q.Q'Q.O.Q’Q.Qi..’...l
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Title: CLIB.FR
Author: Capt. A mal Hussain
Date: Aug 83

Function:
This program creates a new library or edits an existing library

Environment: .
This is a Fortran V program that has been desigined to run
on & mapped—-RDOS Eclipse S/2%50 minicomputer.

Compile command:
FORTRAN CLIB

Load command:
RLDR CLIB NEWSCR SETUP SEEIT REDBUF WRTBUF E@FLIB®

Comments:
The phoneme string representations of words to be recognited are
stored in @ library file. Each word can have » maximum of¢ 10

c
c
Cc
c
c
Cc
c
c
c
c
c
C
C
c
c
c
c
c
c
c
(o
Cc phonemes.
c

c

LR JE BE B BN BN BN B BR BE BE BN B IR DR BE BN BN BN BN BE BN B

BORBPRBEBRBRARRRSRRBRERIRRRRBRRBERRERR SRR RRERRCRRPBRBBRPRPR RSP RERARBRBERELEY

INTEGER J. K. 1.L.,LIB(256)

@ CHRNORRNERRBRRRRBRERRRRRBRERBRDECRRBER RS R R RBRERRAR SRR B BRBBRRBCI PG H RS S S RRRE B E$3
C '3

[ CLEAR SCREEN : -

c "
COHERRNBANERRBABERBERRBBRRREBRBBBBRBBRR RS RBERRBRRERBRREERRRERERDSROBRRBRR DRSS RES

CALL NEWSCR

CHBRNRRUNDBBRRRRERBRRREBRERBBRREGRERRR R RRPERBRRRBRRRRBRRVER BRI RV CDORBRRRRVCEARESR

[4 -

c CLEAR LIBRARY ARRAY -

c .

(22222 IXT LIS 222 T2 22 2 222 2l 2l a2 agaaladl ool sl sl d ol il addllolssslsd

DO 11 1 = 1,256
LIB(I) = O
11 CONTINUE
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Cc -
c MAIN MENU -
C -

CORRBERBRRERBRERRRPREBRERBERRSPRRERRRERR R LR RERRR RS RRERRBRBELGPRRERERRESRSEERER

10 TYPE "<CR>
#*Program CLIB. SV executing”

ACCEPT “<CR>

OPloasc select which operation will be performed. <CR>
read library from file<CR>

form library<CR>

display lidbrary<CR>

library write to file{CR>

change library valuelCR>

print library<CR>

exitl{CR>

Osoloction ", 10P

EEEEEE
Noeosuwwn-

IF (IOP.EQ. 1) GO0 TO 20

IF (I0OP.EG.2) GO TO 30

IF (I0OP.EQ.3) GO TO 40

IF (I0P.EG.4) 60 TO SO

IF (10P.EQ. S) €0 TO &0

IF (I0P.E£G. 6) GO TO 80

IF (I0P.EG.7) €0 TO 70

WRITE (10.1)

@0 TO 10

1 FORMAT (" <CRO<CCRO<CCR><3IO<160>

*Please make selections only from the given options

#C3D<161D0")
(oL YT YT T Y YT LT TN RNy F g o P P T T T Ty
c -
c READ LIBRARY FILE -
Cc »

CressenesianioatensaittdaitattetlttentRiantttiestttattttitsRagatt ittt tststeiens

20 CALL REDBUF(LIB, 256.1)
€0 TO 10

-
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CRHESROPBBABEBRH A BB RRRE LR B BB BB ERFRB B R RS R R ERRRP BB BERRREBRR BT RS RARRE RS0

c »
c FORM LIBRARY -
C -

CREBBUEBBPUBBBDRRIBERRBERRRRBPEBRRBRB BB R BB EBRSBRBERRRRR R R BRSSPSR LB RBRERRRRSRRERS2R

30 ACCEPT"gtarting position: ", I
TYPE “to return to main menu give a phoneme value greater than 99 *

AN TYPE"position: ", I
ACCEPT"value: ", K
IF (K. GE. 100) 60 TO 10

LIB(]) = K

I =1+

0 TO 31
CHERBRBDBBERBRERBRBRERRRERBRBFERRRS SRR RBRRRBRRERRERRRRERRRREESRRR LB R RRR RS
Cc .
c DISPLAY LIBRARY -
c .

CHBHBBRBERRBRRPRBBBRBRRBRRBRRERRHRBRHRERREBRPERERR RS SRR E RS BB PRRRBEERE RN &S BSS

40 CALL SETUP(IFOR. 2, ISTART, ISTOP)
CALL SEEIT(IFOR. 1START, ISTOP, L1B, 256)

¢0 TO 10
CRERRBBBEBERRBRBEBERRSBREBRBRDPRBRRRRRRASRRBRRRERERRERRRRRRERERRSRRGRRRRR SRS TE b
C [ ]
Cc WRITE LIBRARY TO FILE »
c -

CHEBNBEDRRRBVRBBBRBBRBRRBBRRBRBBRRRRRERBBERARERBR LSRR PR RRRERR LR BRRRBP RSB E SR

S0 CALL WRTBUF(LIB. 256.1)

¢0 TO 10
e T rrryr ey PR Y TR LYY R LS LA T SET YT TR TTYYYIL T T T XTI IR P YT TR Y S 2
c »
c CHANGE L IBRARY VALUE r
Cc -

C rysyzzyyyyyyyyr2 e s 22 222 22222l Y222ttt AL 2 2L dL
&0 TYPE"to return to main menu give a position of O
61 ACCEPT“<{CR>position ", 1

IF(1.EQ.0) 60 TO 10
TYPE"0ld value:.”,LIB(I)

3\ ACCEPT"CCROnew value: ", K
. LIB(I) = K

iy G0 TO &1

3
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c "
c PRINT LIBRARY «
C -

CRENNDRNDAGEFRERVEVERBALERBFRERER B AR PRV RS REBBRBRRRPBRERB R BB RRRBRB LSRR SRS RRERES

80 L=3
DO 81 I = 1,220
WRITE(12,111) LIB(ID)
IF (L.NE. 10) O TO 82
WRITE(12,114) .
L=20

a2 LsL +1

81 CONTINUVE

PLRDY =7 RO RGP

WRITE(12,114)
WRITE(12, 121)

111 FORMAT("+",7X, 13, 2)
114 FORMAT(1X)
121 FORMAT(20X)

60 70 10

CHERBNIVABRVBEBRAEBERVBBRRBRERBRFEBEBRERRRBBRBBFLBRRRGRBBRER BB EERRRBRE R NGB B %S S

70 CALL EXIT
END
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This routine compares a phoneme string with word strings in a
library based vpon & distance matrix to give the word in the

The variables IPHON is the phoneme string array, LIB is the library
array: TEMP3 returns the error value for the word matched, MAT is

PEN is the penalty to be added €or

ditferences in the number of phonemes in the string and in a word
in the lidbrary, L returns the number of the word matched.

C

c Title: FINDWORD. FR

c Author: Capt. A mal Hussain
C Date: Nov 83

Cc

c Function:

c

Cc

c lidbrary which is the best match
c

Cc Compile command:

Cc FORTRAN FINDWORD. FR

c

C Comments:

C

(o4

C the distance matrix array,
c

Cc

c

c

IR BE B BE BN BE B BE IR Bk BE Bk Bk 3k BE BF B B O

rreryre ryr e e AL IS L el e R Ll e el s el sl d

SUBROUTINE FINDWORD(IPHON, LIB, TEMP3, MAT, PEN, L)

INTEGER I.K,L,M. IPHON(123%),LIB(256)
DOUBLE PRECISION REAL TEMP, TEMP1. TEMPJ

REAL MAT(2432), PEN
70 TEMP3 = 9. 0E 60
TEMP = O
COUNT = O
c start comparison

DO 71 M = 1,220,110

DO 72 K = -1,1

DO 73 I = 1,10

IF ((I+K).EQ.0) GO TO 73

;iinitialize variables

;library has 22 words., each a maximum
iof 10 phonemes long

ishift phoneme string one phoneme

; l1eaft, none and one phoneme right to
;account for error in first phoneme
istring

;compare phoneme at a time for each
;iword in library

;skip first phoneme when string shifted

;left one phoneme

c i# dboth phonemes zero error value unchanged

IF ((LIB(M+1~1) EQ. O). AND. (IPHON(I+K) EQG. 0)) 60 TO 73

[ i® both phonemes not zero add distance between phonemes to error value

IF ((LIB(M+I-1). NE. O). AND. (IPHON(I+K) NE. 0)) €0 TO 74

hte
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Cc if one phoneme zero only add penalty to error value

TEMP1 = TEMP+PEN
€0 TO 75

74 N = IPHON(1I+K) ifind distance between phonemes from
P = LIB(M+I-2) idistance matrix
IF(N.GE.P) GO TO 76
Q=N
N=FP
P=2aQ
76 TEMP: = MAT(((N#(N=-1))/2)+P)

= L':- Celn s

75 TEMP = TEMP + TEMP1 ;add distance to error value
COUNT = COUNT + ¢

73 CONTINUE i average erroT value and find word
TEMP = TEMP/COUNT imatch with minimum error value
IF(TEMP. GT. TEMP3) €0 TO 77
TEMP3 = TEMP
L=M

77 TEMP = O iinitialize variables for next word
COUNT = O

72 CONT INUE

71 CONTINVE

RETURN
END
CRERRBVBBVEBERBRBRBBBRRRRREBREBRRERBERERBBSDERRERR LRI BRBRRRREGRRPRERE RGBSR ~
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[ -
c Title: Header »
c Author: Lt. Allen ™
c Date: Dec 82 -
C » .
C Function: *
c This routine prints on the printer a header specifying an Eclipse *
Cc A/D/A conversion ocperation. The conversion results specified can L4 {
c then be printed benecath the header. * {
Cc * {
Cc Compile command: - }
Cc FORTRAN MEADER * .
c * ‘
Cc Comments: » !
c The variables that are passed to this routine have the following »
c meaning., -
(o * '
Cc DEVICE 21 for A/D or 23 fo D/A * :
(o * ¥
C SPEC1 starting channel for A/D or D/A »
Cc »
c SPEC2 ending channel for A/D or mode set for D/A *
c - q
[ IDATAR2 conversion count » :
(o *
c 1ER DOITW error Teturn * )
[ * L
(o IORBA the operation’s IORBA array -
c »
c CLOCK conversion count "
Cc -
C 2222222222222 22 222122222022 2222221222l izt sty

SUBROUTINE HEADER(DEVICE, SPEC1.SPEC2, IDATAR, IER. IORBA, CLOCK)
INTEGER DEVICE, SPEC1.SPEC2, IDATA2, IER, IORBA(16), CLOCK

1IF (DEVICE.EQG. 21 .0OR. DEVICE. EQG. 23) 60 TO 405
CALL ERROR("improper device number")

M S O L Bl ®

609 CALL FGDAY (IMON, 1DAY, IYR) K
CALL FCTIME (IHQUR, IMIN, ISEC) a

WRITE (12,10)

10 FORMAT (1X, “Eclipse A/D/A operation”)
WRITE (12,11%)
WRITE (12,11) IMON. IDAY, IYR

11 FORMAT (1X, “date: ", I2,"/".12,"/%, 12)
WRITE (12, 12) IHOUR, IMIN

BT 1 EARKRR

- 12 FORMAT (1X,"time: ", 12,* : ", 12)
WRITE (12, 11%)
: WRITE (12, 1)

‘s IF (CLOCK.EQ. 1) WRITE (12,21)
SN IF (CLOCK. EG.2) WRITE (12,24)

ot IF (CLOCK.EQ.3) WRITE (12.23)
o IF (CLOCK.EQ. 4) WRITE (12,22)

@

A -._'-
[}
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1
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WRITE (12.3) SPEC!

IF (DEVICE.EQ. 21) WRITE(12,4) SPEC2

IF (DEVICE. EQ. 23) WRITE(12,8) SPEC2

WRITE (12.95) IDATA2

WRITE (12.6) IER

WRITE (12.7)

WRITE (12.9) (I0ORBA(1), I=3,16)

FORMAT (1X, "analog—-to-~digital conversion")

FORMAT (1X, "digital—-to-analog conversion™)

FORMAT (1X, "Clock: *,12)

FORMAT (1X, “First channel: *,I2)

FORMAT (1X, “Last channel: *,12)

FORMAT (1X, "Conversion count: “,13)

FORMAT (1X, “Mode: *, I2)

FORMAT (1X. "DOIT error: “,I4)

FORMAT (1X, "lorba(1-14) (Octal format):")

FORMAT (31X, 16(1X,06))

21 FORMAT (1X, “pulse clock”) 1

22 FORMAT (1X, "DCH clock") )

23 FORMAT (1X."internal clock”) )

24 FORMAT (1X, "external clock")
WRITE (12,119)

115 FORMAT (iX)

o

ONCOBOdWNN -

RETURN
END
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Cc
Title: NewScr
Author: Lt Allen
Date: Dec 82

c
c
c
c
(of Function:

C This routine erases the screen by typing 24 dlank lines
c

c

c

c

c

Compile command:
FORTRAN NEWSCR

AL B JE 2R I 3N JF B B B

o g 222222 TR TLA AT STTIT S SZ 2222 ATTL LI TN LTTTVRIILI LY LT TTVTTRT LYY LI TP
SUBROUTINE NEWSCR
DO 10 I=1.,24
TYPE

10  CONTINUE

RETURN
END
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" c Title: Paper » N
= (= Author: Lt Allen - .
i c Date: Dec 82 ] .
c - H
c Function: . ]
Cc This routine prints sections of an integer datas array on the L4 K
c printer in 312-word pages. The calling program specifies all L J
c of the parameters required. -
c -
c This routine was designed for printing data collected with the -
c Eclipse A/D/A device. When executing the real numbder print -
c option., the integer word is converted to the real number »
c equivalent that this device uses to store data samples. »
c -
c Compile command: -
(o FORTRAN PAPER »
(o -
c Comments: »
c The variables that arve passed to this routine have the following L
c meaning, -
Cc . -
c IFOR display format: 1 for integer. 2 ¢or real numbder »
c and 3 for octal -
Cc "
c ISTART the starting page -
c -
c 18TO0P the ending page "
c “
c ARRAY the data array to be shown -
c -
c LEN the length of the data array »
c »
CRONVBVRUVBAVRBERBDPRRVBSERBBRRBBVRPVRVRBBRRBBBR RSB RFR B PERRBARRER DR RRRE RS ERER
SUBROUTINE PAPER(IFOR, ISTART. ISTOP. ARRAY, LLEN)
INTEGER IFOR. ISTART, ISTOP. LEN, ARRAY(LEN), IPRT, IPAGE
REAL TOPVOLT. REALNUM
TOPVOLT=S. O imagnitude of Eclipse device bi-polar setting
IPRT=32 .
IPAGE=ISTART-1
11=(ISTART=1)8512
610 1I2=0
IPAGE=IPAGE+1

WRITE (12,8) IPAGE, IPRT
WRITE (12,119)
119 FORMAT (1X)
8 FORMAT (1X, “page”, 13, " of”, 1I3)

613 13=0

620 14=0

629 1limJle}
I4n]4e]
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REALNUM=FLOAT (ARRAY(11))/32768. O«TOPVOLT iconvert to real number
IF (IFOR.EQ. 1) WRITE (12:9) ARRAY(1l1) i
IF (IFOR.EQ. 2) WRITE (12, 14) REALNUM
IF (IFOR.EQ. 3) WRITE (12, 13) ARRAY(I1)
14 FORMAT ("+", 1X.F7.4,2)
13 FORMAT (“+", 1X, 16.2)
9 FORMAT (“+*, 1X,06.2)
IF (14 NE. 16) GO TD 623
WRITE (12,119)
I3=13+1
IF (13.NE. 16) GO TO 420
WRITE (12,119%)
WRITE (12,1195)
I12=]12+1
IF (I2.NE.2) GO TO 619
IF (IPAGE. NE. I1STOP) €0 TO 410

RETURN
END
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c
c
c
C
c
c
<
<
c
4
c
c
c
C
c
c
c
c
c

Title: RedBut
Author: Capt. A mal Hussain .
Date: Nov 83

Function:
This routine reads & section of disk file into an integer data
array. The file is specified interactively by the user.

Compile connand:‘
FORTRAN REDBUF

Comments:
The variables ARRAY and LEN that are passed to this routine are
the data array and it’s length., respectively. INUM specifies the
number of blocks of data to be transfered. On return the integer
array contains the user data.

LI IR B BN BN BE BN BN BN BN BN BN N B R IR I ]

REBRCRBBREPRRBBRVB ARG PSRV D BN ERVRRERRRRER B R AR BERRARRRGERRRRS SRR RBRRRB RGBS BN
SUBROUTINE REDBUF (ARRAY, LEN, INUM)

INTEGER LEN. ARRAY(LEN). FILENAM(7), INUM, IDEC

S00 TYPE
- ACCEPT *
@ ®Enter the filename for reading: "

READ (11, 2) FILENAM(1)
2 FORMAT (813)

CALL OPEN (1, FILENAM, 2, IER)

IF (1ER.EQ. 13) €0 TO 510

IF (IER.NE. 1) TYPE "OPEN error”, IER
CALL RDBLK (1, 0, ARRAY, INUM, 1ER)

IF (IER.NE. 1) TYPE "RDBLK error”, IER
IF (IER.NE. 1) GO TO 520

CALL RESET

0 TO 100

510 TYPE "<CRO>
#This file does not exist. "
60 7O 320 .

[y
»

M S

320 CALL RESET
ACCEPT “<CR> '
#Do you want to, <CR>
. 1: try another filelCR>
) 2: return to the main menudlR>
#gselection: *, IDEC

:

5, 08 8 44

IF (IDEC.EQ.1) €0 TO 500

"1

ne IF (IDEC. EQ.2) 60 TO 100

- WRITE (10.1)

o 1 FORMAT(*<CROCCROCCRD

oo oPlease make selections only from the given options. *)
NN €0 TO 320

!,!\ . 100 RETURN

SO . .-:._-'_ , END
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(4 Title: Seelt ™
14 Author: Lt Allen .
4 Date: Dec 82 .
[ [ ]
Cc Function: -
c This routine displays sections of an integer data array on the -
c screen in 120-word pages. The calling program specifies all the -
C parameters required. .
[+ -
c This routine was designed for displaying data collected with the L
c Eclipse A/D/A device. When executing the real number display -
¢ option, the integer word is converted to the real number -
Cc equivalent that this device uses to store data samples. *
[+ -
C Compile command: -
c FORTRAN SEEIT »
c *
C Comments: .
L~ The variables that are passed to this routine have the following *
[ meaning. »
(o4 »
Cc IFOR display format: | for integer. 2 for real number *
1+ and 3 for octal *
¢ »
o c ISTART the starting page *
[ *
ﬁ c 1STOP the ending page *
¢ »
c ARRAY the data array to de shown -
c »
C LEN the length of the data array -
o ™
CRERDBVVBBOPVBBRERRPVBREEB R BRBREBRE BB DI 35 0 10505 838 0332000888 * 8

SUBROUTINE SEEIT(IFDR. ISTART. ISTOP, ARRAY, LEN)

INTEGER IFOR. ISTART, ISTOP, LEN: ARRAY(LEN), ITOT, IPAGE
REAL REALNUM, TOPVOLT

1TOT=120
TOPVOLT=S. imagnitude of Eclipse device bi-polar setting

. 805 TYPE “<CR><CR> .
.o *Press carriage return to begin and<CR>
-t #to continue with the next page <CR>"

- ACCEPT

IPAGE=ISTART-1

11=(1START-1)#128
510 1I2=0

IPAGE=IPAGE+]

TYPE “<CR> page”. IPAGE. " o#", ITOT, "<CR>*
919 13=0
S20 14=0
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52% Ii1=l1+1}

I14=]14+}
REALNUM=FLOAT{ARRAY(11))/32768. 0«TOPVOLT iconvert to real number
IF (IFOR.EQ. 1) WRITE (10,110) ARRAY(I1) -

IF (IFOR.EQ.2) WRITE (10.,111) REALNUM
IF (1FOR.EG. 3) WRITE (10.112) ARRAY(I1)
110 FORMAT (1X.06,2)
111 FORMAT (1X.F7.4,2)
112 FORMAT (1X,16,2)
JF (14 . NE.B) GO TO 3335
WRITE (10,113)
119 FORMAT (1X)
I13w]13+1
IF (13.NE.B) GO TO 520
WRITE (10,1193)
WRITE (10,1193
122121
IF (12 . NE. 22) GO TO 3515
ACCEPT
IF (IPAGE. NE. ISTOP) GO TO Si0

RETURN
END
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Title: SetUp
Author: Lt Allen
Date: Dec B2

Function:

This is & special purpose routine used by program INDIGI and
It allows the user to select the type of format and

OoUTDICI.
section of data buffer for printing/displaying.

Compile command:
FORTRAN SETUP

Comments:

The variadle IOP that is passed to this routine has the value 2,

for data buffer display, or 3, for data buffer print.

The other variable values are returned to the calling program

as set by the user.

SUBROUTINE SETUP(IFOR, I0OP, ISTART, ISTOP)

ACCEPT “<CRY>
aWhat type of format?<{CR>

- 1: two’s complement<CR)>
- 2: real number<CR>
» 3. integer number<{CR>

sselection: *. IFOR

IF (IFOR.LT.1) €0 TO 230
IF (IFOR.CT.3) GO TO 230
IF (I0P.EQ. 2) €0 TO 229
IF (I0P.EQ. 3) GO TO 233

TYPE “<CR>

#There are 120 pages of data. numbered i through 128, <CR>
swith each page containing 1268 samples. ”

€0 TO 2%0

TYPE “<CR>

#There are 32 pages of data, numbered 1 through 32, <CR>
swith each page containing 312 samples. ”

ACCEPT “<CR>

sWhat page will be first? ”, ISTART

ACCEPT

sWhat page will be last? “, ISTOP

IF (ISTART.LT. 1) Q0 TO 231
ITEST=( (-96#10P)+320)

IF (ISTOP.GT. ITEST) 60 TO 231
IF (1START. GT. ISTOP) GO TO 221

RETURN
END
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Title: SREDM. FR
Author: Capt. A mal Hussain
Date: Avug 83

Function:
This routine reads the distance matrix file into a real data
array. The file is specified interactively by the user.

Compile command:
FORTRAN SREDM

Bl w2 "a"B_t el B

Comments:
The variables ARRAY and LEN that are passed to this routine are
the dats array and it’s length, respectively. On return, the array

Cc
c
c
c
c
c
c
c
c
c
c
c
c
c
c
c contains the user data.
(o4

Cc

*
»
*
*
»
*
»*
*
*
*
*
*
*
*
*
*
*
*
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SUBROUTINE SREDM(ARRAY, LEN)

INTEGER LEN.FILENAM(7), IDEC
REAL ARRAY(LEN)

S00 TYPE
ACCEPT *
#Enter the filename for reading: "
READ (11,2) FILENAM(1)

2 FORMAT (S13)

CALL OPEN (1,FILENAM, 2. IER)

IF (1ER.EQ. 13) €0 TO 510

IFf (IER.NE. 1) TYPE “OPEN error”, IER
CALL RDBLK (1, 0. ARRAY, 19, 1ER)

IF (1ER.NE. 1) TYPE “RDBLK error"“,IER
IF (IER.NE. 1) QO TO 3520

CALL RESET

¢0 TO 100

510 TYPE "<CR>
#This file does not exist.

¢0 TO 520 . . 1
~ 520 CALL RESET q
~7 ACCEPT "<CR>
:. #Do you want to, <CR>
' » 1: ¢try another file<CR)>
-~ - &: return to the main menulCRD
> #selection: *, IDEC
Siem
\ IF (1DEC.EQ.1) G0 TO 300
. : IF (1DEC.EQ.2) €0 TO 100
oY) WRITE (10.1)
- 1 FORMAT (*<CRO<CR><CRD>
{; : «Please make selections only from the given options. ")
o i ¢0 TO 320
g g 100 RETURN
- . | END
st
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Title: SREDT. FR
Author: Capt. Ajmal Hussain
Date: Aug 83

Function:
This rovtine reads & section of disk file into an integer data
array. The file and data section are specified interactively
by the user.

Compile command:
FORTRAN SREDT

Comments:
The variables ARRAY and LEN that are passed to this routine are
the data array and it’s length, respectively. On return, the array
contains the user data.

XX R EE XS N ES & RSN
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SUBROUTINE SREDT(ARRAY, LEN)

INTECER LEN, ARRAY(LEN), FILENAM(7), IFIRST. INUM, 1DEC

500 TYPE
ACCEPT *
#Enter the filename for reading:"
i READ (11,2) FILENAM(1)
G 2 FORMAT (513)

CALL OPEN (1, FILENAM, 2, IER)
IF (IER.EQ. 13) €0 TO 510
IF (lER.NE. 1) TYPE "QOPEN error", IER

IFIRST=0
INUM=S

CALL RDBLK(1, IFIRST. ARRAY, INUM, IER)
IF (IER.NE. 1) TYPE "RDBLK error*, IER
IF (IER.NE. 1) €0 TO 520

CALL RESET

G0 TO 100

310 TYPE "<CR>
#This file does not exist. "

~ ¢o TO 520
x 520 CALL RESET
2 ACCEPT “<CR>

#Do you want to.<CR>

- 1: try another file<CR>

» 2: return to the main menudCR>
#gelection: *, IDEC
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1IF (IDEC.EQ. 1) GO TO 500
IF (IDEC.EG.2) GO TO 100

WRITE (10.1)

1 FORMAT ( *<CRO<CRO<CRY>
#*Please make selections only from the given optiaons. *)
¢0 TO s20

100 RETURN
END
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Title: WrtBu#f
Author: Capt. Ajmal Hussain
Date: Oct 83

Function:

This is @ special purpose Toutine used by program CREATEMP and
SPEECH. It allows the user to write specified sections of the

data buffer to a disk file

Compile command:
FORTRAN WRTBUF

Comments:

The variables ARRAY and LEN that are passed to this routine are
the data buffer and it’s length, respectively. ISTOP is the number
of blocks of integer data to be written to disk file

SUBROUTINE WRTBUF (ARRAY, LEN, ISTOP?
INTEGER LEN. ARRAY(LEN). FILENAM(7), ISTOP
I1START = O

ACCEPT *

#Enter the filename for writing:”
READ (11,13) FILENAM(1)

FORMAT (S13)

CALL CFILW (FILENAM, 2, IER)
IF (IER.EQ.12) €0 TO 265
IF (IER.NE. £} TYPE “CFILW error ", IER.," with your file"

CALL OPEN (1.,FILENAM, 2, IER)
IF (1ER.NE. 1) TYPE "OPEN error ", IER,"” with your file"

CALL WRBLK(1, ISTART, ARRAY, ISTQP., IER)
IF (1ER.NE. 1) TYPE "WRBLK error ", IER:," with your file"”

CALL CLOSE (1, 1ER) )
IF (IER.NE. 1) TYPE “CLOSE error ",IER," with your file"
0 TO 280

ACCEPT "<CRY>

#This file already exists. CCROCCRY>
*Do you want to.,<CRO>

» 1: delete the current filed<CR>
- 2: try another file<CR>
#selection: ¥, IDEL
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IF (IDEL.EG. 1) GO TO 270
IF (IDEL.EQG.2) 60 TO 255
WRITE (10, 1)
1 FORMAT ("<CROCCR><CR>
#Please make selections only from the given options. ")
€0 TO 265 )

270 CALL DFILW (FILENAM, IER)
IF (IER.NE. 1) TYPE "DFILW error “,IER." with your file"
G0 TO 260

° 280 RETURN .
END
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Title: WRTTEMP. FR
Author: Capt. Ajimal Hussain
Date: Aug 83

Function:
This is a special purpose Troutine used by program CREATEMP.
It allows the user to write the Template buffer on to & disk file.

Compile command:
FORTRAN WRTTEMP

Comments:
The variables ARRAY and LEN that are passed to this routine are
the data buffer and it’s length, respectively

(e N Ne NN s Ne N Ne NeNo N No Ne NeNe ool
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SUBROUTINE WRTTEMP (ARRAY, LEN)
INTEGER LEN, ARRAY(LEN), FILENAM(7)

ISTART=0
1STOP=13

25% ACCEPT *
#Enter the filename for writing:"
READ (11,13) FILENAM(1)

15 FORMAT (S13)

]
1

260 CALL CFILW (FILENAM, 2. IER)
IF (1ER.EQ. 12) €0 TO 2635
IF (1ER.NE. 1) TYPE “CFILW error ", IER.” with your file*®

CALL OPEN (1,FILENAM, 2, IER)
IF (IER.NE. 1) TYPE "OPEN error ", I1ER," with your file”

CALL WRBLK (1, ISTART, ARRAY., ISTOP, IER)
IF (IER.NE. 1) TYPE "WRBLK error ",IER," with your file"

caLL CLOSE (1, IER)
IF (IER.NE. 1) TYPE “CLOSE error ", IER,/" with your file"

¢0 70 280

263 ACCEPT "<CR>
#This file already exists. CCROCCRY
#Do you want to, <CR>
- 1: delete the current file<CRD>
] 2: try another f£ile<CR>
#selection: “, IDEL
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b:' IF (IDEL.EG. 1) €0 TO 270

% IF (IDEL.EG.2) GO TD 255

b . WRITE (10.1)

. 1 FORMAT ("<CR><CRD<CRD>

* #Please make selections only from the given options. *)
Q0 TO 269

270 CALL DFILW (FILENAM, IER)
IF (JER.NE. 1) TYPE "DFILW errvor ", 1ER, " with gour file"

¢0 TO 260

280 RETURN
END
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Title: WRTMAT. FR
Author: Capt. A jmal Hussain
Date. Aug 83

Function:
This is a special purpose routine used by program DISMATY.
It allows the user to write the distance matrix to a disk file

Compile command:
FORTRAN WRTMAT

Cumments:
The variadbles ARRAY and LEN that are passed to this routine are
the data buffer and it‘s length, respectively.
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SUBROUTINE WRTMAT(ARRAY, LEN)

INTEGER LEN, FILENAM(7)
REAL ARRAY(LEN)

I1START=0
I1STOP=78
Y 255 ACCEPT *
';3 #Enter the filename for writing: "
READ (11.15) FILENAM(L)

15 FORMAT (S13)

260 CALL CFILW (FILENAM, 2. IER)
IF (1ER.EQ. 12) GO TO 265
IF (IER.NE. 1) TYPE "CFILW ervor ", IER, " with your file"”

CALL OPEN (1,FILENAM. 2. IER)
IF (IER.NE. 1) TYPE "OPEN error “.IER.," with your file"

CALL WRBLK(§, ISTART, ARRAY, ISTOP. IER)
IF (1ER.NE. &) TYPE "WRBLK error ", IER.” with your file"

CALL CLOSE (i, IER)
IF (IER.NE. 1) TYPE "CLOSE error ", IER.," with your file"
¢0 TO 280

269 ACCEPT "<CR>
#This file already exists <CR>ICR>
*Do you want to, <CR>
» 1: delete the current filelCR)>
» Q: try another #ile<CR>
#selection: “, IDEL

*
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IF (IDEL.EG. 1) €0 TO 270 |
IF (IDEL.EQG. 2) €Q TO 25% '

WRITE (10.1)
1 FORMAT (“<CROCCRI<CRY>
oPlease make selections only from the given options. *) ‘

G0 TO 24% )
!

270 CALL DFILW (FILENAM. IER)
IF (JER.NE. 1) TYPE "DFILW error “,IER, " with your #ile”

G0 TO 260
\

280 RETURN
END
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Title: WTYPE.FR
Author: Capt. A ;mal Hussain
Date: Oct 83

Function:
This routine displays the word specified on the H19 terminal in

reverse video on a single line.

Compile command: !
FORTRAN WTYPE. FR

Comments:
The variables L is the word from the array to be displayed, : l
W is the array which contains the words in the library

..Q.Q.......I.Q'QQ.'..QQ’Q.Q'..QQ.GQ"Q.Q”.’..Q.'.0.0’.”..0.'( INRBBRUT
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C
c

PP P

SUBROUTINE WTYPE(L., W)
INTEGER L., W(S50)
IF(L. EQ. 0) €0 T0 10 iskip zero numbered wur!s

WRITE(12,19) L ;print word
WRITE(12. 14) W(((L-1)/10)+})

WRITE(10,11) W(((L-1)/10)+1) idisplay word

14 FORMAT ("¢, 81, 2)

11 FORMAT (*C33><160>", 81, "<33><1615", 1)
19 FORMAT (2X, 14)

10 CONTINVE

N U T arr

RETURN
END

Bl BB A

c.'.0............'QQ....Q’.....'.QQ'.O.GQ.Q'.’.QQQO‘.Q..C FYTYYI Y YT Y R L IR

o

[

b

b..'

.-

)

o ey :.
) '.o b _'o ’
»“..

e

NG

. @F




&

0t 2t T ‘Tl R )
A DA R O A 0 A R i MCh S M e rachaca s fac

CREQRentsRlG RNt RR R RRRRRERRPRRERRRRRRERRRRBRRRRRRRRESRRBBERRRRRER RS BRRRERORER

c -
c Title: REDMAT »
c Author: Capt. Ajmal Hussain *
c Date: Aug 83 »
c .
c Function: »
C This routine reads o section of disk file into an integer date ? ]
c array. The file and data section are specified interactively »
c by the user. -
Cc -
c Compile command: .
c FORTRAN REDBUF -
c »
Cc Comments. .
Cc The variables ARRAY and LEN that are passed to this routine are -
(ot the data array and it’s length., respectively. On return, the array -
(o contains the user data. *
Cc »
C.Q..QQQI’QI"Q.’Q’QQQQQDGQQQ'O.QQQQQQOQQQQIQQQQ.G'Q.QQGQQ’{..Q{’QI»IQQQQQ.QOQ}”O

SUBROUTINE REDMAT(ARRAY. LEN)
INTEGER LEN, FILENAM(7), IFIRST, INUM. IDEC
REAL ARRAY(LEN)

500 TYPE
ACCEPT
sEnter the filename for reading:
READ (11,2) FILENAM(})

2 FORMAT (S13)

CALL OPEN (1.FILENAM, 2, IER)
IF (IER.EQ. 13) G0 TO 510
IF (1ER.NE. 1) TYPE "OPEN error", IER

IFIRST=0
INUM=78

CALL RDBLK(1, IFIRST. ARRAY, INUM, IER)
IF (IER.NE. $) TYPE "RDBLK error”, IER
IF (IER.NE. 1) GO TO 520

CALL RESET

0 TO 100

510 TYPE "<CRO>
#This file does not exist. "
0 TO 520
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320 CALL RESET
ACCEPT “<CR>
eDo you want to.,<CR>
. 1: try another filedCR>
» 2. return to the main menudCRY>
e«gelection: *, IDEC

| FROSTEINE ~ SIS SR QRIS ¢

IF (1DEC.EG. 1) 60 TO S00
IF (IDEC. EQ. 2) 60 TO 100
WRITE (10, 1)
1 FORMAT ("<CCR><CROCCRY>
sPlease make selections only from the given options. ™)
¢0 TO 520

100 RETURN
END
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» .
c Title: REDTEMP. FR - e
c Author: Capt. A mal Hussain » K
[ Date: Aug 83 : * .
c L .
c Function: - i
c This routine reads a section of disk file into an integer data » H
c array. The file and data section are specified interactively ] -,
C by the user. - -
[ N * ﬁ
c Compile command: ] i
(~ FORTRAN REDTEMP » 4
C »
c Comments: -
Cc The variables ARRAY and LEN that are passed to this routine are -
c the data array and it’s length, respectively. On return, the array -
Cc contains the user data. -
c *
CREBRBBBGBBBRBBB LD RBBRRER BB R R BB RRPBREBRERBERRRRBRGRERRRR PR PRERBRB PRGN EGRBEERIRER

SUBROUTINE REDTEMP (ARRAY, LEN)
INTEGER LEN. ARRAY (LEN), FILENAM(7), IFIRST, INUM. IDEC

$00 TYPE
ACCEPT *
#Enter the filename for reading:*
READ (11.2) FILENAM(.)
2 FQRMAT (S13)

CALL OPEN (1,FILENAM, 2, IER)

IF (IER.EQ. 13) GO TO Si0

IF (IER.NE. 1) TYPE "QPEN error", lER

IFIRST=0

INUM=13

CALL RDBLK (1, IFIRST. ARRAY, INUM, IER)

IF (IJER.NE. 1) TYPE “RDBLK error", IER
IF (1ER.NE. 1) 60 TO 3520

CALL RESET

e0 TO 100

510 TYPE “<CRD>
#This file does not eiist. "
eQ TO %20

820 CALL RESET
ACCEPT "{CRD>
#Do you want to., <CRD>
* 1: try another file<CR>
» 2: return to the main menudlCR>
#selection: ", IDEC
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IF (IDEC.EG. 1) €0 TO 500
IF (IDEC.EQG. 2) €0 TO 100
WRITE (10, 1)
1 FORMAT ( "<CR><CR><CR>
#Please make selections only from the given options. ")
€0 TO 320

100 RETURN
END
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Cc Title: SEEMAT. FR .
c Author: Capt. A mal Hussain »
c Date: Aug 83 .
c .
Cc Function: »
c This routine displays sections of an integer data array on the -
c screen in 128-word pages. The calling program specifies all the L
C parameters required. )
C »
[« This rovtine was designed for displaying data collected with the -
c Eclipse A/D/A device. When executing the real number display L
Cc option, the integer word is converted to the real number *
C equivalent that this device uses to store data samples. *
C -
Cc Compile command: *
C FORTRAN SEEMAT »
(o] »
C Comments: »
[ The variables that are passed to this routine have the following *
Cc meaning. »
C »
C ARRAY the data array to be shown L
C [ ]
(o LEN the length of the data array *
c .
i CQQQQli..lQ’.Q.Q’Q’QQQQQQI’QQ’QOQQ.QQQ’QQ’QQ’QQ.QQQ‘QQQQQQ..‘}OQQOQQOQQO“Q’QQ'Q

SUBROUTINE SEEMAT (ARRAY, LEN)

INTEGER IFOR, ISTART, ISTOP, LEN, ITOT. IPAGE
REAL REALNUM. TOPVOLT. ARRAY(LEN)

500 ACCEPT "<CR>
#*There are 79 pages of dats, numbered 1 through 79, <CR>
#*with each page containing 138 values. {CR>CCR>
*What page will be first? *, ISTART
ACCEPT *
*What page will be last? ", ISTOP

IF (1ISTART.LT. 1) GO TO 500
IF (ISTOP.GT. 79) GO TO S00
ITOT=79 .

505 TYPE "<CR><CR> .
*Press carriage return to bdegin and<{CR>
#to continue with the next page. <CRO"
ACCEPT

IPAGE=ISTART-1
11=(1START-1)#128
910 12=0
IPAGE=]PAGE~1
TYPE "<CR> page”. IPAGE, " of", ITOT, "<CRD"

)
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S1S 13=0
320 14s0
525 It=lget
14=14+) .
WRITE (10,111) ARRAY(I1) '
111 FORMAT (1X.F7.4,2) 2
IF (14.NE.8) GO TO 52% N
WRITE (10.115) <
119 FORMAT (1X) -
13=13+1 -
IF (I3.NE.8) GO TD 520 :
WRITE (10.119)
WRITE (10, 11%)
12=12+1
IF (12.NE.2) GO TO 519
ACCEPT
IF (IPAGE. NE. ISTOP) 60 TO 510

RETURN
END
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